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I. INTRODUCTION 
Since the demise of the spark-gap and the advent of the 
vacuum tube, RF amplifiers have been plagued by inefficiency. 
Recently, pulse width modulation (also called class D, class 
S, switched-mode, pulse duration modulation, PMM, or PDM) has 
offered a means of making an efficient audio amplifier by ex­
tracting the DC component and its modulation from a train of 
pulses of varying width. By extracting the fundamental com­
ponent of a pulse train, this technique can be extended to 
make efficient ïRF amplifiers. 
In conventional class A, B, and C amplifiers, a non-zero 
voltage and non—zero current are present simultaneously on 
the output device, causing it to dissipate power, resulting 
in inefficiency. In a class D amplifier, however, the cur­
rent is zero whenever the voltage is non-zero, and the volt­
age is zero whenever the current is non-zero. Thus no power 
is dissipated (ideally) in the device, and it is (ideally) 
completely efficient. 
To visualize this, consider two types of light dimmer 
circuits (Figure 1,1). The first type (class A) uses a 
series resistor to reduce the power in the light. However, 
the resistor has both non-zero voltage and non-zero current, 
so it consumes power, and the efficiency of the dimmer is 
low. The second type (class D) uses a switch in series with 
the light. l-Jhen the switch is open, no current flows, and no 
2 
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Figure 1.1. Light Dimmer, 
power is dissipated in either the light or the switch. When 
the switch is closed, the light glows at full power, but 
there is no voltage across the switch, hence it dissipates no 
power. If the switch position is changed so that it is closed 
a certain fraction of the time, any average brightness less 
than the full brightness can be obtained. The switch, howev­
er, does not dissipate power, hence the dimmer is completely 
efficient. If switching is fast enough, the residual heat of 
the light's filament will make the switching effect unnoticeable. 
Class D amplification of audio signals works in essen­
tially the same way as does the light dimmer just described. 
The switching rate is several times higher than the highest 
audio frequency to be amplified. The switching frequency and 
higher harmonics are removed by the low pass action of the 
3 
loudspeaker and/or an additional low pass filter between the 
switch and the load. Several references on audio type FliM 
are.given in Chapter XI. 
The audio technique can be applied to the generation of 
a radio frequency signal. Experimental prototypes operating 
at 2MHz have been built by Brian Attwood of Mullard ( 1). 
However, the conventional PWM technique has two disadvantages 
when used for generation of radio-frequency signals. First, 
the switching frequency must be several times the carrier 
frequency, which can make it very high for most RF signals. 
Secondly, spurious products generated by inherent modulation 
of the switching frequency and its harmonics occur throughout 
the RF spectrum, including frequencies near the desired signal. 
By switching at the carrier frequency and extracting the 
fundamental compoment, the switching rate can be reduced 
(Figure 1.2). In actual amplifiers, pulse rise times are 
not instantaneous, and some power is dissipated with every 
transition. Thus the lower the switching rate, the higher 
the efficiency. Amplifiers based on this principle have been 
built by Rose (2); Page, Hinds on, and Chudobiak (3); and 
Osborne (4), However, these amplifiers produce a carrier of 
constant amplitude, and modulation is introduced only by 
varying the collector voltage by external modulator. This 
type of Class D amplification is also under investigation as 
a means of reducing intermodulation distortion arising from 
two transmitters using the same antenna (5), 
4 
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Figure 1.2; Types of Pulse Width Modulation. 
If: tlie widths of the pulses in such an amplifier are 
varied, the magnitude of the fundamental component (carrier) 
is a3Lso varied. Since the magnitude of the fundamental com­
ponent varies as the sine of the pulse width, it is necessary 
to predistort the pulse width according to the inverse sine 
(arcsin) of the modulating signal. An amplifier based on 
this principle was apparently first invented by Phillip 
Bessiich (6), 
In addition to the advantages of a slower switching 
rate» spurious products inherent in this type of amplifier 
are limited (ideally) to finite bands around the odd harmon-
5 
ICS of the carrier frequency. Thus the spurious products are 
far removed from the carrier frequency, and are easily 
removed by a simple tuned circuit. 
The terminology used to describe this amplifier is some­
what confusing. The first question is whether it should be 
called an amplifier or a modulator. When generating an 
amplitude modulated signal, the actual modulated carrier need 
not appear until after the output filter, in which case the 
circuit is a modulator. However, when generating single 
sideband signals, it appears easier to produce a low level 
SSB signal, detect the envelope and phase, and vary the pulse 
width and position accordingly; in this case, the circuit is 
an amplifier. Thus it appears that it can be either, depend­
ing on use. Because of the connotation of amplifier as a 
device to produce the signal output, rather than to impress 
information upon a signal, it will be called an amplifier in 
this dissertation. There is also a temptation to call it 
class E, to distinguish it from the version of a switching 
amplifier used to generate audio signals. Unfortunately, the 
term class D has already been applied to the constant carrier 
circuits. 
There are two major advantages to the use of Pl-îM. The 
first is the increase in output power, and the associated de­
crease in input power and dissipated power. The use of the 
increased output power is obvious. Probably more significant 
is the decrease in power dissipated by the amplifying device; 
6 
the heat sink problem is greatly reduced, and much smaller 
transistors can be used. For example, consider a 100 Watt 
class B transmitter. A typical efficiency might be 50%, in 
vhich case 50 Watts would be dissipated in the final 
amplifying transistors. If class D were used; a- typical effi­
ciency might be 90%, in which case only 10 Watts would be dis­
sipated. 
The second ad\'antage is that of stability. Linear tran­
sistors need to be compensated for changes of gain with 
temperature. In the case of the 75 Watt linear RF transistor 
(2N6093), a typical circuit to regulate the Q-point (7)* (8) • 
involves four additional transistors and the circuitry 
associated with them. Pulse amplifiers need only be biased 
off Tivell enough to stay off at the highest temperature, and 
driven hard enough to saturate at the lowest temperature. 
The disadvantage of PWM is, of course, that transistors 
with higher cut-off frequencies are required. However, 
because much smaller power levels are required, the disad~ 
vantage may be offset. It is doubtful that class D will 
have much application to vacuum tube amplifiers, since the 
power consumed in the filament of a vacuum tube makes it an 
inherently inefficient device. Class D may be the most fea­
sible way to extend solid state circuits to high power and 
high frequency operation. 
An actual PWM amplifier will not have perfect timing of 
the pulse transitions, nor will the rise and fall times be 
7 
instantaneous; both of these cause an intermodulation distor­
tion effect. Differences in the positive and negative supply 
voltages can introduce even harmonics of the carrier, and in­
finite bandwidth spurious products associated with them. 
Non-zero saturation voltages also contribute unwanted 
signals. However, a feedback system can be used to eliminate 
some of the distortion. 
The usefulness of this type of amplifier will depend on 
knowledge of both its potential and limitations. The deter­
mination of some of the capabilities and limitations, and 
comparison with those of other RF amplifiers is then the pur­
pose of this dissertation. 
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II. TYPES AND EFFICIENCIES OF AMPLIFIERS 
Before analyzing the operation and efficiency of a class 
D amplifier, it will be useful to review some of the charac­
teristics of conventional class A, B, and C amplifiers. 
There are many forms that each of these amplifiers can take. 
In particular, there generally exist both voltage and current 
switching (controlling) forms of each amplifier, as well as a 
variety of output coupling networks. Amplifiers may employ 
vacuum tubes, transistors, or any other appropriate devices. 
For convenience, transistors will usually be used; the analy­
sis for tubes is little different. . 
For convenience, normalized supply voltages of IV.are 
assumedc Also, the load resistances are normalized to IH» 
and transformers provide 1:1 matching and 1:1 impedance con­
version. 
A. Conventional AmplJLfiejrs 
1. Class A 
Class A is the only type of amplification which is com­
pletely linear in its operation. In the class A amplifier 
(Figure 2.1), the transistor acts as a variable resistor. As 
the transistor begins to conduct current, the collector 
voltage drops from the supply voltage toward zero. As the 
transistor begins to conduct less current, the collector 
voltage swings upward toward twice the supply voltage. 
9 
,+lV 
\  1 
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1:1 v^l ^ in 
V 
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Figure 2,1, Class A Amplifier, 
Vq(8) = 1 - b sin 0 
For such an amplifier, the collector voltage is 
(2.1) 
Since the transformer matches 1:1, and the load resistance is 
in, 
ig(S) = Vq(6) = 1 - b sin 0 . (2,2) 
In the load. 
(e) i^(6) = b sin 8 
Thus the output poller is given by 
217 
^o = ^  ^ 1 
0 
. 217 
(2.3) 
(2,4) 
= / b® sin®0 d0 (2,5) 
10 
=  (2 .6 )  
= = (2.7) 
The voltage input is 1.0 volt, and the current input is 
the same afe the transistor current, thus the input power is 
2Tr 
/ 1 (1 - b sine) de (2.8) 
0 
1 r- ZlT 
= ^  [G + COS 0] =1 . (2.9) 
The efficiency is defined as the ratio of power output 
to power input, or 
' h® 
n  =  ^  =  T  .  ( 2 . 1 0 )  
since thie supply voltage limits b such that 
0 < |b| < 1 . (2.11) 
the efficiency is also limited: 
0 < r| < 0.5 . (2.12) 
- 2. Class AB 
Class AB is used to describe an amplifier which conducts 
current more than half of the RF cycle, as in class B 
(below), but not all of the time, as in class A, Its effi­
ciency is higher than that of class A, but distortion is also 
introduced. 
11 
3. Class B 
»' IT 4 
A class B ainp'lifier operates as a linear (class A) 
amplifier during the half of the cycle when the input is pos­
itive, but is cut-off when the input is negative, producing 
waveforms such as shown in Figure 2.2. Harmonics generated 
by the rectified type waveforms are supressed by the tuned 
circuit. 
Let the output voltage be 
v^(0) = -b sin 6 . (2.13) 
For a normalized load resistance of iH, 
io(e) = v^(6) . (2.14) 
and a 
p ^ JSL. 
^o - 2 . (2.15) 
The current flowing in the RF choke is assumed to be 
constant, and no DC can flow through the blocking capacitor, 
so the input current is the average value of the transistor 
current, or 
2TT 
ij^ = ^ iq(8 ) d6 . (2.16) 
= ~ C "• cos TT + cos 0 ] (2,17) 
= 2b (2.18) 
rr . 
The input power is then simply 
P = 1 ij^ = 2b/Tr . (2.19) 
12 
+1 
+b =" 
0 
Figure 2,2. Class B Amplifier. 
and the efficiency is 
= b!/2 
2b/Tr 
TT 
The supply voltage requires that 
0 < )b| <1.0 
so 0 < < 0.785 
(2 .20 )  
(2.21) 
( 2 . 2 2 )  
The power dissipated can thus be reduced by approximately 57% 
(at maximum output) by the use of class B instead of class A = 
Two class B amplifiers can be operated "push-pull" to give 
fully linear operation as a system (thus cancelling harmonics 
and eliminating the need for a tuned output circuit), but al­
lowing each transistor to operate class B and retain the 
higher efficiency. 
4. Class C 
In class C operation, the transistor conducts current 
13 
during less than half of the RF cycle.(Figure 2,3). Efficiency 
is improved, but the ability to amplify a signal linearly is 
lost, making class C suitable only for the generation of con­
stant amplitude signals (unless the collector voltage is var­
ied by an external modulator). Following the method of Terman 
(9), assume that the current in an ideal class C amplifier is 
a piece of a sinusoid: 
'<ï " { r  
sin 0-q,?-6<9<?+6 
^ (2.23) 
, otherifise. 
Where ô represents the duty cycle, and q the quiescent point 
which gives a duty cycle of 6, Thus, 
q = cos (2.24) 
The input power is found by integrating the product of 
the supply voltage and the collector current: 
2^ 
Pi = T 1 ia(0) de (2.25) 
0 
, f + 6 
~ 2^ / (sin 0 - cos ^ ) d0 (2.26) 
f-- 6 
= ~ (sin ^  ^ cos ^ ) . (2.27) 
The power output is then determined by 
2IT 
P q = -^  J" iq(e)  v^(9)  d9 (2 .28)  
14 
iVl 
Figure 2,3. Class c Amplifier. 
V 
"aaH  
Figure 2,4, Class CD Amplifier, 
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I T  . 6  
2^ 
~ ^  (sin® 0 - cos ~ sin 0) d0 (2,29) 
2 2 
= ^  (6 - sin 6) . (2,30) 
Note that the integral above automatically ignores all but 
the energy at the fundamental frequency. The efficiency is 
then given by 
1  •  i ( J Y - T Z  ),.  
The graph of r\ versus output voltage b is presented in 
Figure 2.5. Efficiency approaching 100% is obtainable by 
making 6 small, but this also reduces the output to zero, A 
typical operating characteristic might have 6 « 0,4-217 and n « 
85%, Note that by letting 6 be larger than -n*, the efficiency 
for classes A, AB, or B (at full output) is obtained, A 
more detailed analysis is given by Scott (10), including ef­
fects of waveforms differing slightly from the truncated 
sinusoid used herein. 
5. Class CP 
Class CD is an appropriate name for what is more common­
ly called third-harmonic peaTcina. It is currently used in 
high-power medium-wave vacuum tube transmitters, such as the 
Gates VP—100 (11) to improve the efficiency. 
It is often difficult to generate a reasonable square 
16 
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Figure 2.5. Efficiencies of Class A, B, and C Amplifiers, 
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•wave such as is required for true class D operation (de­
scribed below). However, it is often possible to generate 
enough of the third harmonic to malce the first approximation 
to a square wave. The third harmonic is controlled by means 
of additional tuned circuits which are added in the grid and 
plate circuits. As shown in Figure 2,4, the effect of the 
third harmonic is to flatten both the voltage and current 
waveforms. Power dissipated in the tube is reduced because 
the voltage is smaller while the tube is conducting current. 
In an example given by Stokes of a 125kW transmitter (12), 
class C operation produced an efficiency of 82%, while class 
CD produced an efficiency of 88%, 
B. Switching Amplifiers 
An ideal class D amplifier has either rectangular volt­
age waveforms, rectangular current waveforms, ..or both. The 
result of the rectangular waveforms is that power dissipated 
in the switching transistors is much less than the power dis­
sipated in other kinds of amplifiers. 
There are many different versions of switching, or class 
D, amplifiers. Consider first the simple case where both 
voltage and current waveforms are rectangular (Figure 2,6), 
When the transistor is saturated, it has zero resistance, and 
the voltage across it is zero, A current of lA flows in the 
load, causing it to dissipate IW of power. When the transistor 
is cut-off, no current flows and power is dissipated neither 
18 
Figure 2.6. Switching Amplifier. 
in the load nor in the transistor. TIius the average power de­
livered to the load is 0.5W (1/2 duty cycle), and the efficien­
cy is j.OO%. 
In 8 real amplifier, however, the pulse transistions are 
not instutaneous, and the saturation voltage is not zero, so. 
some power is dissipated in the transistor, A detailed anal­
ysis of the efficiency of this type of amplifier is presented 
by Ramachandran (13). One significant advantage of such an 
amplifier is that efficiency improves with increasing output 
power. 
1. Class AD amplifier 
The terms class JiD and class BP (which follows) were ap­
parently originated by Martin (14), (15) to describe different 
types of conventional PWM amplifiers. These amplifiers will 
19 
be analyzed as they are used to generate an RF carrier (i, e., 
generation of a single sinusoid). 
Consider the voltage switching version of the class AD 
amplifier shown in Figure 2.7, A set of four transistors op­
erates as a two-position switch to generate a rectangular 
voltage waveform w(@), A tuned circuit (or low pass circuit) 
passes the energy at the carrier frequency with no attenua­
tion, and rejects energy at the switching frequency and its 
harmonics. 
The instantaneous width y is made to vary as 
y = ^  [ q + b sin 8 ] , (2.32) 
where 
0 = 0)^t = 2iTf^t , (2.33) 
and 
3 = fg/fc ; (2,34) 
where f^ is the switching frequency and f^ is the carrier 
frequency. For class AD operation, q, which determines the 
quiescent (no signal) pulse width, is restricted: 
0 < q < 1 , (2.35) 
so b is also restricted 
0 < q ± b <1 . (2.36) 
To achieve maximum output, 
q = b = 0.5 p (2.37) 
although to reduce distortion, it is sometimes desirable to 
use smaller values of q and b (See Black (16) or Ramachandran 
20 
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Figure 2.7, Class AD Amplifier 
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(13). 
Current can flow either direction through either side of 
the switc^i, as is required to maintain sinusoidal current 
through tlie series tuned circuit. In Figure 2.7, it can be 
seen that there is a net flow of current from the supply to 
ground. 
The ideal efficiency is 100%, as in the switching 
amplifier previously described, but, as before, actual 
circuit parameters prevent this. Assume that the devia­
tions of the actual circuit from ideal operation are small. 
The power output will undergo little change, and will be ap-
proxiraate3.y 
Po=|i . (2.38) 
Let the rise and fall times be represented by and T^, 
respectiyiely, the values of which are given in terms of a 
cycle at iJg (_i. e. , if a rise time takes 10% of one cycle at 
f_, T_ = tOol'2TT/f_), For small T., the output current is ap-S O S  X  
proximately the same over the entire switching interval, or 
iq(e + T^) « iq(e) . (2.39) 
This allows the assumption of a linear rise/fall of the cur­
rent betimen O and i^( 0 ), and a linear fall/rise of voltage 
between 1 and 0 (Figure 2.8). Thus 
^DR TRANS - 2?T (2.40) 
0 
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Figure 2.8, Rise/Fall Times in a Class AD Amplifier. 
i^(8) e e 
= / (1 - •;^ )(-|) de (2.41) 
0 
i (e) ^ 
= i~ S Q dQ - p S e^dG) (2.42) 
0 0 
= ^  
The total power dissipated is then the sum of the power 
dissipated at each pulse transition, multiplied by two, since 
two transistors are switching at each transition. Assuming 
that there are g pulses per cycle, 
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^DR = 2 Z i(e^) ' 2 "e" (2.44) 
n=l 
23 
3 P 
- lôTT [ Tg 2 '^6 ^ ^ * (2,45) 
n=l n=l 
The effect of these summations is to average i^ ( 0 ), thus 
* fis I 's • •'6 I - ÎSÏ • . 
Consideration must also be given to the effects of non­
zero saturation voltages. Osborne (4) has approached this 
problem by insertion of a saturation resistance in series with 
switch. It would seem that a constant saturation resistance 
would be accurate for square-wave current, but based on obser­
vations of the prototype class D RF amplifier (see Chapter 
XIV), a saturation voltage seems more appropriate. 
Let Vg be the normalized saturation voltage (i.e., if 
the actual supply voltage is lOV, and the actual saturation 
voltage is 0.5V, then v^ = 0.05). The power dissipated due to 
the saturation effects can then be determined by inserting 
sources of voltage v_ in series with the ideal transistors, 
with polarity such that power is consumed instead of generated 
( Figure 2,9), 
The saturation voltage always acts to consume power, 
thus 
PDS 1 de (2.48) 
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Figure 2.9. Saturation Voltages in a Class AD Amplifier. 
TT 
V-
~ 2 f h sin 6 d0 (2.49) 
V b 2v b 
——— (-cos TT + COS 0) = 
TT TT 
The input power is then 
i^ ~ o^ D^R "*• D^S , 
and the efficiency is 
o 
n = Po + Pi 
(2.50) 
(2.51) 
(2.52) 
A plot of the efficiency for several values of a, v^, and 3 is 
given in Figure 2.10 (Remember that for class AD, b < %.). 
Note that a is a ratio, and amplifiers with identical rise/fall 
times have a proportional to f^. 
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2. Class BP amplifier 
The class BD amplifier might be called a bipolar or push-
pull version of the class AD amplifier just discussed. The 
quiescent pulse widtih is zero, so for no signal input, all 
transistors are idle. Positive pulses are generated vhen the 
input signal is positive, and negative pulses are generated 
when the input signal is negative. In either case, the linear 
relationship between input signal and pulse width remains. 
This amplifier has the advantage of eliminating drive when 
there is no signal input, but has the disadvantage of cross­
over distortion due to the difficulty of making very short 
pulses when the signal is small. 
A circuit for the class BD amplifier is shown in Figure 
2.11. 
The efficiency is determined in the same manner as for 
the class AD amplifier, and the same equations apply. However, 
for class HD^ 
0 < )bl < 1 , (2,53) 
as compared with a naximum value of 0.5 for the class AD 
amplifier. The significance of this is that in a class BD 
amplifier, the outp^it power can become four times as large as 
that of the class AD amplifier, while the power dissipated is 
only doubled. 
Also, note that in class BD, there are four possibly dif­
ferent rise/fall times, so 
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Figure 2,11, Class BD Amplifier, 
cr = (Tg + Tg + r, + Tg) (2.54) 
3, Class D RF amplifier . 
The class D RF amplifier (Figure 2,12) has a circuit 
similar in form to the circuit of the class BD amplifier. 
However, the operation is markedly different, in that switch­
ing occurs at the carrier frequency, instead of a higher fre­
quency. 
A set of four transistors forms a bipolar pulse train 
with instantaneous width y, The fundamental component which 
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Figure 2.12. Class D RF Amplifier. 
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appears at: the output is 
v^(9) = i^CG) = b sin 6 , (2,55) 
and is proportional to the sine of the pulse width: 
b = ~ sin y . (2.56) 
Thus 
PQ = ^  sin^ y (2.57) 
/^gain, the ideal efficiency is 100%, but is reduced by 
actual circuit parameters. If the same assumptions are made 
about linear rise/fall shape as with the class AD amplifier, the 
power dissipated in any one transistor during one transition 
is given i>y 
D^R TRANS ~ T (2.58) 
- jhx ( ^  y ) (sin 6 ! (2.59) 
2T. 
= sin y I cos y | (2.60) 
2 T. , , 
= ^  I sin 2y 1 . (2.61) 
There are four pulse transitions during each RF cycle, 
and two ttransistors switching at each transition, so 
PpR = Isin 2yl , (2.62) 
where 
cjr = + Tg + + Tg  ^ (2.63) 
The power dissipated due to non-zero saturation voltage 
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is again computed by insertion of sources of in series 
with the switch. Since only one transistor conducts at a 
time, 
2TT 
D^S = à liq'S'l "8 (2.64) 
0 
TT 
= Vg sin y 2 J* sin 0 d9 (2.65) 
0 
= Vg sin y . (2.66) 
The above equations f(2.57), (2.62), and (2.65)] are 
accurate when the grounding transistors are connected to small 
voltage sources rather than the ground, to eliminate changes 
in the signal output (Chapter V), However, if connections 
are made directly to the ground, the saturation voltage injects 
a signal at the carrier frequency which reduces the output 
power, and hence the efficiency. 
Exact calculations of these effects are difficult, since 
the saturation effect does not reinject a signal which varies 
linearly with the carrier amplitude. However, for large am­
plitudes (» Vg) of the carrier, the saturation effect is sim­
ply a square wave of frequency f^ ard peak to peak height 2Vg. 
In Chapter IV, it is shown that the fundamental component of 
such a wave has magnitude ^Vg/rr. 
The previous equations can be modified accordingly. 
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First, 
v^(0) = i^fe) t= (b - ^  Vg) sin 0 (2,67) 
= — (sin y - v_) sin 0 , (2.68) 
TT S 
and 
P = -% (sin y - V )® . . (2.69) 
O TT S 
similarly, 
p__ (sin y - Vg) I cos y | (2.70) 
JJR OTT 
= ( [sin 2y| - cos y) , (2.71) 
and 
D^S ' y - Vg.) . (2.72) 
Note that these hold only when sin y is large enough 
that saturation occurs nearly instantaneously. These equa­
tions tend to be worse than the actual case for small y. 
A monopolar version of this amplifier is also possible 
(Possibly, if the term class E were used, it could be called 
class AE, and the bipolar version class BE.). As in the case 
of class AD and BD amplifiers, the efficiency of the mono­
polar version is generally lower than that of the bipolar ver­
sion, due to the decreased output voltage (b < 2/Tr for mono­
polar). However, the monopolar amplifier has half the number 
of pulse transitions, which can result in higher efficiency. 
If a power supply of +2V is used with monopolar Pl-TM, (without 
damage to the transistors), P^ and remain the same as for 
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Figure 2.13. Efficiency of a Class D RF Amplifier. 
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bipolar (±1V) while is halved. This might have ap­
plications where c is large and the dominant source of inef-^ 
ficiency, since its effect is to reduce a to half of its value 
for bipolar 
A graph of efficiency for the class D RF amplifier is • 
given in Figure 2,13, A slight increase in efficiency over 
class AD or ,BD with the same parameters is due to two effects. 
First, the number of pulse transitions is reduced. Secondly, 
when a transition occurs in the RF amplifier, the current is 
small. When the output is large, the pulse is wide, and 
switching occurs near the minimum value. When the pulse is 
narrow, switching occurs near the peak current, but the cur­
rent is small. Either way, the efficiency is increased. 
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III. BASIC IMPLEMENTATION 
The generation of pulses whose width varies as the 
inverse sine of a modulating signal seems, at first, to be a 
formidable task. However, it is actually somewhat easier to 
generate these pulses than pulses whose width is linearly re­
lated to the modulating signal, as are required by ordinary 
(class AD) Pl'JM. Possibly, the problem of generating the 
pulses has discouraged previous researchers, The use of a feed­
back network as a means to generate the inverse sine pulses 
has been suggested (17), (18), but is not actually necessary. 
First consider the method used by a typical conventional 
pulse width modulator (Figure 3.1). A triangular reference 
vave r(t), periodic at switching frequency f^? is generated 
and compared with input signal v(t). Whenever v(t) is 
greater than r(t), the output produces a pulse (+1). Other-, 
wise, the output remains at 0. (In actual implementation, 
the difference v(t) - r(t) is compared with 0)\ 
Figure 3.2(a) illustrates the action of comparison of 
the modulating signal x(t) to r(t) to obtain a linear pulse 
width. To obtain an inverse sine relationship, it is only 
necessary to prédistort the ramp shape to get a sinusoidal 
shape (Figure 3.2(b)). 
The application of a predistorted reference wave to the 
generation of pulses in an AM transmitter (x(t) > 0) is shown 
in Figure 3.3. A block diagram of this transmitter is shown 
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in Figure 3.4. 
The transmitter has inputs from a sinusoidal oscillator 
at the desired carrier frequency, and from the audio frequen­
cy (ap) modulating signal. The carrier frequency sinusoid is 
clipped to produce square wave sCw^t). It is also phase 
shifted by Tr/2, and then inverted. The inverted and ion in­
verted cosine waves thus produced are then rectified, and 
the outputs combined to produce the reference wave r(t). The 
reference ifave is then compared to the AF input x(t), and 
pulses are generated whenever the latter is greater. 
An AMD gate generates a pulse whenever both the 
comparator output and the clipped wave s(w^t) are positive. 
Similarly, a second AND acts on the comparator output and the 
inverted s(W^t), and generates a pulse when both are posi­
tive, These two pulses are amplified to drive Q1 and Q4, 
which are the positive and negative positions of the three 
position switch, respectively. The output of the comparator 
is inverted and amplified to drive transistors Q2 and Q3, 
which form the grounding position of the switch, 
A balanced (two polarity) modulator for the generation 
of double sideband supressed-carrier signals (DSB/SC) can be 
made by some simple additions to the AM transmitter. Refer­
ring to Figure 3,5, note that in a DSB/SC signal, a phase 
shift of.the carrier occurs when the modulating signal changes 
sign. This effect can be accomplished in the class D trans­
mitter Tofy reversing the pulse polarities, A circuit to do 
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Figure 3.5, Generation of AM and DSB/SC, 
this compares the absolute value of the modulating signal to 
the reference wave, and uses a clipped audio wave and addition­
al logic to determine pulse polarity. 
Generation of single-sideband signals (SSB) is also pos­
sible, but is slightly more complicated. Note that any 
signal can be regarded as a single sideband signalj genera­
tion of independent sideband, vestigal sideband, etc.. is 
also possible. 
There are two commonly used methods of producing a sin­
gle sideband signal: the filter method and the phasing method; 
the same signal is produced either way. Although the filter 
method is somewhat easier to implement, the phasing more clear­
ly illustrates the operation of class D SSB amplification. 
In the phasing method, the audio signal and the carrier are 
both phase shifted by 90® (the direction of the shifts deter-n 
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mines whether upper sideband or lower sideband is produced). 
The phase-shifted audio signal then modulates the unshifted 
carrier, and the unshifted audio modulates the shifted carrier. 
The sum of these two modulated signals, properly balanced, can­
cels one sideband. 
There are three possible means of using class D to ampli­
fy a single sideband,signal (Figure 3.6). The first two, in­
terlacing and overlapping, are similar in that they both re-^  
quire use of the phasing type method to produce two .separate 
signals. A DSB/SC modulating system is required for each sig­
nal. In the interlacing method, the magnitudes of both Xp(t) 
and Xg(t) are reduced so that the pulses generated by either 
modulation do not exceed Tr/2. The outputs from the logic cir­
cuits of both modulators drive the same final switching trans­
istors, producing two interlaced pulse trains. In the overlap­
ping method, the magnitudes of x (t) and x (t),have the p q . 
usual restriction of less than 1 (to produces pulses whose to­
tal widths are less than tt)» When pulses from the two modu­
lators overlap, either a 0 (ground) or double-value pulse is 
generated, depending on whether the pulses are of different or 
similar polarities. 
The third method is an application of Kahn's method of 
envelope elimination and restoration (19), (20). Referring 
to Figura 3,7, one can see that it is possible to repre­
sent the sum of the outputs of the two balanced modulators 
used in the phasing method as a signal with envelope E(t) and 
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Figure 3.6, Class D SSB Techniques, 
phase tp(fe) : 
X (t) sin w t + X (t) cos (i) t P c q c 
•where 
and 
= E(t)[sin (i)^ t + Cp(t)] , (3,1) 
E(t) = ^/~x^(t) + x^(t) (3.2) p q 
X (t) 
(p(t) s= arctan (3,3) 
(The function arctan x^/x^ as used herein should really be 
written arctan(x^^,Xp), since it is to determine the quadrant 
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of the point x^).) 
A system for implementing this method is shown in Figure 
3,8. with waveforms for a two tone signal. A low-level SSB 
signal is generated by any convenient method. An envelope 
detector produces E(t), which is the audio input to the AM 
transmitter previously described. The input signal is also 
fed to a clipping circuit to produce square wave s[Wg^ t + cp(t)]. 
Note that the phase information is retained, but the ampli­
tude information is eliminated. If this square wave is ex­
panded in a Fourier series, 
s[w^t + Cp(t)l = ^ sinfw^t + cp(t)3 
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+ ^ sinfSWj^-t + 3cp(t)] 
+ ... (3.4) 
When this is applied to a bandpass filter, only the fundamen­
tal frequency and its modulation ( sinfw^t + cp (t) ] ) remain 
(assuming negligible splatter from modulation of the harmonics 
of the carrier). The output of this bandpass filter replaces 
the sinusoidal oscillator input to the AM transmitter. 
Of the three methods, the third is probably the most ad­
vantageous. First, it requires no additional high speed logic 
(the SSB signal can be generated at a low frequency, envelope 
and phase detected at that frequency, and the phase signal . 
heterodyned to the desired carrier frequency). Secondly, it 
requires fewer pulse transitions, which should make it more 
efficient. The overlapping method also requires the addition 
of switches for +2 and -2 volts. 
There is a drawback to Kahn's method applied to class D 
RP generation: Spurious products may result; from inherent 
modulation of the odd harmonics of the carrier. If these prod­
ucts are serious enough (Chapter V), one of the other methods 
might be used. Interlacing might be preferred due to its sim­
plicity compared to overlapping. 
It should be noted that Kahn's method can be used with 
transmitters other than class D. At very high frequencies, it 
may be difficult to control the pulse width accurately, but it 
may be possible to make a constant-carrier class D amplifier 
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with high efficiency. At even higher frequencies, square wave 
generation (class D) may be impossible altogether, but class C 
may be used. In these cases, the class'D or C RF amplifiers 
can amplify the phase-modulated carrier, and a class AD audio, 
type amplifier can be used for the envelope. These two sig­
nals are then combined by collector modulation. The resultant 
system would be more efficient than class B, but somewhat: more 
complicated than a class D RF version. 
46 
IV. BASIC SPECTRAL ANALYSIS 
The distortion in any amplifier is one of the factors 
vhich limit its usefulness. In an RF amplifier, spurious 
products, vhich are distortion products which fall outside of 
the allocated frequency band, can be a serious problem. An 
unwanted product 30dB below the desired signal level is nearly 
unnoticeable if it is inside the desired bandwidth. However, 
this same product falling outside of the channel allocated 
can be much stronger than a distant (weak) station occupying 
the adjacent channel. Thus knowledge of the spurious products 
is crucial to application of the class D RF amplifier. 
The method used in this dissertation to analyze the 
spectrum of a non-linear amplifier is to analyze the modu­
lation of the harmonics of the carrier or switching frequency, 
A waveform basic.to the particular amplifier is decomposed in­
to its Fo:.irier components, whose amplitudes are functions of 
some parameter of the waveform (e.g., pulse width), A re­
lationship between the modulating waveform and the parameter 
is obtained,' and each of the Fourier coefficients of the basic 
waveform is then expanded into a Fourier series whose period 
is that Ox the modulating function. 
This technique was called "quasi-static" by Ramachandran 
(13), and was used by Black (16) to analyze the spectrum of 
ordinary pulse width modulation. It is similar to the method 
of Volterra (21), in which the time variable for the modula-
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tion and the time variable for the carrier are regarded as 
two completely independent variables. 
The reliability of this method is best understood con~ 
ceptually by considering it in reverse. Choose a time t. 
At this time t, a pulse width y can be determined, based on 
the modulating voltage at that time. Substitution of the val­
ues of y into the formula for the Fourier coefficients of a 
pulse train yields a series of constants. Now for this series 
of constants, the vraveform which is the sum of the specified 
components must have the value +1, 0, or -1, since for any 
value of y some pulse train is generated. This will hold for 
any y, hence the pulse train is produced for all values of t 
from the time-varying Fourier coefficients obtained in this 
method of analysis. 
Once the time varying Fourier coefficients have been de­
composed into their own series of Fourier components, these 
can be thought of as modulation around the Fourier components 
of the basic waveforms, and the total spectrum determined from 
this. A continuous spectrum could be used in the analysis 
which follows, but it adds little and complicates much. 
Therefore, all spectra herein will be discrete; i.e., compos­
ed of bias, sinusoids, and cosinusoids periodic in a knov/n in­
terval. 
Possibly the best argument in favor Of this method of 
analysis is that results obtained with it have been verified 
by computer simulation. 
4.8 
Begin by considering a monopolar pulse train f (0) 
"T 
(Figure 4.1). The Fourier series for f^(0) is 
CO 
f^(0) = a^ + S (a^cos n0 + b^sin n0) , (4,1) 
n=:l 
where a^, a^, and b^ are determined as follows : 
2TT 
®0 = ^  dC = n . (4.2) 
0 
2iT 
= ~ J'f_^(0) cos n0.'d0 (4.3) 
CfH-y 
= ^  T coa n9 d0 (4.4) 
cp-y 
~ [sin n(cp + y) - sin n(cp-y)] (4.5) 
~ (cos ncp) (sin ny) . (4.6) 
- 1 p f.(e) sin ne ..de (4.n) 
n - IT ^ 
0 
' qx-y 
= ^ _f sin ne de (4,8) 
cp-y 
= ~ [cos n((pfy) - cos n(cp-y)] (4.9) 
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Figure 4,1. Monopolar Pulse f.(0). 
Combining these. 
niT 
OO 
(sin ncp) (sin ny) 
f^(6) = 3 ^ Z (sin ny) [(cos ncp) (sin n0 ) TT 
n =1 
CO 
TT • TT N 
n=l 
(4.10) 
+ (sin ncp) (sin n0 )0] (4.11) 
= ^  + - 2 [cos(ne - ncp)] . (4.12) 
Tîie spectrum of a bipolar pulse train can now be deter­
mined by decomposing it into tvo monopolar pulse trains, one 
negative,' and one positive (Figure 4.2). 
OO 
f (0) = - ^  — S cos[n0 - n(q) 4. -rr)] (4.13) 
— TT TT • N L. . -r 
n =1 
CO 
= - ^  — Z cos[(n0 - ncp) - nir] (4.14) IT TT ~ n 
nt= 1 
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_ 
= - ^  2 (-1)^ COS (nO - ncp) . (4.15) 
n=l 
OSius, 
fj,(0 ) = f^(e) 4 f_(0) (4.16) 
=  ^  2  — c o s ( n G  -  n c p )  ( 4 . 1 7 )  
n =1,3,5, . . 
CO 
s= — E sin (2m-l)y cos(2m~l)(0 - m) . 
TT z tti —1  ^
m=l (4,18) 
The special case of cp = tr/2 (sine vave carrier) will be 
used frequently. In this case, 
OO 
f  ( Q )  =  ^  ^  Z  )• sin 2my cos 2m0 
+ ^ ' IT IT ^ 2m 
m=l 
/_-i \ni+l 
+ 2m -1 sin(2m-l)y sin(2m-l)8] 
(4.19) 
5i 
and 
CO 
vin-fl 
f^(e) = ^  s 8in(2m-l)y sin(2m~l)0 . (4.20) 
m=i 
There are two special cases of square waves which will 
be used later. These are the infinitely-clipped sinusoid s(6) 
and the infinitely-clipped cosinusoid c(6): 
s(6) = f_j_(0;cp = y  = g) (4.21) 
OO 
= ^ S 2^ sin(2m+l)0 (4.22) 
m=0 
c( e )  =  f ^ ( 6  ; q )  =  o ,  y = 2)  (4 ,23 )  
00 
^ / 1 \ 
= n 2 zSr cos(2m+l)e . (4.24) 
m=:0 
Another waveform to be used is th^ truncated ramp 
r(e;X,T) (Figure 4.3). A piecewise description of this wave­
form is 
' 0  » 0  <  e  <  X 
r( e )  =<- |  (64 .X.-T), X <  0  <  X.  +T (4.25) 
, X + T < 0 
The Fourier coefficients are then evaluated, as for 
f^(0): 
52 
+1 
r(e; r) 
0 \ X'S^ T 2TT 
Figure 4.3, Ramp Waveform. 
. Ztt 
= — S r(0) cos n0 d0 (4.27) 
^ (A. + 0 - T) COS n0 d0 (4.28) 
\+r 
2 
= / [n(X+T) cos n0 - n cos n0] dn0 (4.29) 
TTTn 5 [(sin nr - nr)sin no + (1 - cos nT)cos ne] . (4.30) 
2tt 
1*% / A \ '—• "5 . »—. ' 
n TT u r(8) sin n8 d0 (4.31) 
X+T 
= ^ S (X + 0 - T) sin ho de (4.32) 
X+T 
2 
= S [n(X+T) sin n0 - n6 sin n9] dn0 (4.33) 
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+1 
-1 
Figure 4,4. Triangular Wave A(0) 
- [(1 - cos nX)sin n\ + (nr - sin nT)cos n\] 
(4.34) 
The decomposition of a triangular wave ^(0) (Figure 4.4) 
can be obtained by use of four ramp-type waveformsi 
A(Ô) = r[-G; § , " + r[0; ? » 2 » 2 ' 2 
-r[-8; - 5] -- r[0j 5] 
CO 
2 ' 2 
,m+l 
= ÎF ^  (2mi')= sin(2in-l)9 
(4.35) 
(4.36) 
m = 1 
The composition of other special waveforms will be de­
rived as required. 
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V. BASIC SPECTRUM OF A CLASS D RF AMPLIFIER 
The techniques developed in Chapter IV will now be used 
to determine the nature of the spurious products generated by-
width modulation of a class D RF amplifier. 
The modulating signal will be denoted x(t) or x(0). The 
spectrum of the modulating signal is assumed to be bandlimit-~ 
ed, i.e., 
X(w) = 0, f(o.] > (5.1) 
Ifhen the notation x(0) is used, it will be understood that 
6 = w^t = Z-rrf^t (5.2) 
unless specified othenfise. (The equivalents for the carrier 
are denoted 6^, and f^.) 
For single-tone amplitude modulation, 
x(0) = a^Q + b^^ sin 0 (5.3) 
For double-sideband supressed-carrier modulation, a =0, 
xO 
and for maximum output, 
x(0) = sin 0 (5.4) 
This is regarded as a severe or extreme test signal, since all 
of the energy in the modulating signal is concentrated at the 
bandedges (It is equivalent to the commonly-used two-tone test 
for SSB.). 
The inverse-sine predistorted signal for x(0) is de-
' noted by y(0) and is given by 
y(e) = arcsin x(0) (5.5) 
Note that y(9) may never actually appear in an actual ampli-
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fier. However, it is a convenience in the analysis of the am­
plifier, 
A. Bipolar PWM 
th The modulation of the Tc— harmonic of the carrier is de­
noted by z^(8). A bipolar train for AM and DSB/SC signals can 
then be written 
OO 
v(e) = I E + «(0)1 (5.6) 
m=0 
CO 
= - 2 sin(2m+l)0c . (5.7) 
TT 2m+l 
m =0 
(Note that cp(6) used above indicates phase shift from a sin­
usoidal carrier and is not the same cp used in Chapter IV, ) 
It I is important to remember that negative modulation 
(x < 0) is not accomplished by an actual negative pulse width, 
but by phase shifting the pulse train (ep(ô) = -rr). Thus 
0 < y(0) < -f- (5.8) 
and 
y(0) = [arcsin x(G) I = aresin fx(0) ) (5.9) 
The phase shift depends on the polarity or sign of x, 
thus 
0, x(0) > 0 (5,10) 
fD(6 ) = 
" IT, x(e) < 0 (5,11) 
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= 
-San x(9 ) + l-i 
1 . (S 12) 
where 
+1, X > 0 
sgn X = < 0,x=0 
-1, X < 0 
For sinusoidal modulation, 
sgn (s in 6 ) -= s (0 ) , 
(5.13) 
and 
!p(e) = ^[-^(8) + 1] 
(5.14) 
(5.15) 
Now 
sin(2m+l)[e^ + cp(6)] = sin[(2m+l)6^ + (2m+l)co(e)^ (5.16) 
= Sin[(2m+l)e^ + (2m+i)<=saaiM±i-| 1 . 
° ^ (5.17) 
Subtracting m multiples of 2'n, 
= si«[(2m+l)8 + n[=sm±l]] . 
= S(6) sin(2m+l)0 
(5.18) 
(5.19) 
The predistorted wave y(G) then has a triangular shape: 
y(0) = arcsin sin 0 (5.20) 
0 , 0 < 0 < IT/2 
TT-0 t Tr/2 < 6 < TT 
0-1T > TT < 0 < 3'h/2 
2'n— 0, 3TT/2 < 0 < 2Tr 
0-277, 2'n < 0 < 5'IT/2 
(5.21) 
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= g • |(i + A(e)) = 5^ (0)s(0) (5.22) 
Now 
sin(2m+l)y(0) =i sin(2in+l)0 
sin[-(2in+l)6 + (2m+l)'TT] 
sin[ (2in+l)8 - (2m+l)TT]] 
sin[- ( 2m+l ) 8 + ( 2m+l ) 2iT] 
sinf(2m+l)e - ( 2m+l ) 211] 
... (5.23) 
Subtracting multiples of 2'n'» 
=S sin(2m+l)0 
sin[-(2m+l)0 + ir] 
sin[(2m+l) 0 -
sin[-(2m+l)8] 
sin[(2m+l)0] 
= sin(2m+l)0 s(0) 
Combining (5.25) and (5.19), 
sin(2m+l)0 s(0) s(0X sin(2m+l)0„ 
(5.24) 
(5.25) 
= sin(2m+l)0„sin(2m+l)0^,.(5.26) 
or 
^2m+l^®^ ~ sin(2m+l)0 . 
th 
(5.27) 
The modulation of the k— odd harmonie of the carrier is 
then simply a sinusoid of k times the frequency of the sinu­
soid modulating the carrier itself (Figure 5.1). The only . 
. spurious products generated are bandlimited and near the har-
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+1 
(e) 
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-1 
+1 
(e) 
0 
-1 
Figure 5.1. Modulating Functions for DSB/SC. 
monies of the carrier. 
This important result can be generalized for AM and DSB 
signals other than DSB/SC at maximum modulation. To do this, 
consider the power series given by Jolley (22): 
sin k arcs in x « kx - (5.28) 
Since k is odd, the term containing and all higher terms 
will contain the factor (k® - k®) = 0. Thus the series term-
inates with x . For example, 
sin 3 arcsin x = 3x - 4x® , (5.29) 
C 
and sin 5 arcsin x = 5x — 20x' + 16x . (5.30) 
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When x(0) is composed of sinusoids and cosinusoids whose 
maximum frequency is it is apparent that the highest pro-
til. • duct of any combination of them will ba of k— order. Since 
the decomposition of sin 0 or cos 0 contains sinusoids and 
cosinusoids with arguments up to k0, it is also apparent that 
the spectrum of sin k arcsin x will be limited to 
To show that this is true for any band limited signal, con­
sider the convolution process which is used to determine the 
spectrum of a product of two time functions. Here Xj^((i)) will 
denote the spectrum of x (0) and * will be used to denote con­
volution . 
X2 (W) =X((D) * X (W) (5.31) 
4.00 
) 
= ^  J' X(u) X{fâ-u)du (5.32) 
Sine XCw) is bandlimited according to (5.1), 
Now 
thus 
X2(W) = -^ S X(u) X((j)-u)du , (5.33) 
-^ x 
X((i)-u) = 0 , |(i>-uj > 6) » (5.34) 
X(W-u) = 0 , j(o| > 2C0^ f (5,35) 
and X2(W) = 0 , [(i)| > 2(i)^ . (5.36) 
60 
Extension of this yields 
X^(W) = 0 , |w| > nO)^ . (5.37) 
The spectrum of x^(9) is thus band limited to n times the 
bandwidth of x(6). Since sin k a res in x contains powers of x 
no higher than x , it is bandlimited to k times the original 
bandwidth. 
One technicality remains: 
z^(0) = sin k arcsin )x(6)| • sgn x(6) 
= [k (x I - ^ |x| ^ + . .. ]8gn x(0)(5.38) 
noting that 
X =|x)sgn X , (5,39) 
and 
|x|® = X® , (5.40) 
z^(0) = sin k arcsin x(e) , (5.41) 
and is therefore bandlimited. Computer simulations of the 
spectra of DSB/SC and AM signals are shown in Figures 5.2 and 
5-3, 
The bandlimited characteristic of thé inherent modula­
tion of the harmonics of the carrier makes bipolar class D 
highly advantageous for RF amplification. For an ideal ampli-. 
fier, no overlap between the desired carrier and its sidebands 
and the spurious products occurs unless the highest modulation 
frequency is greater than half the carrier frequency. Thus 
for AM, DSB, or SSB generated by interlacing or overlapping, . 
it is possible to remove the spurious products as completely 
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Figure 5.2, Spectrum of a Class D RP Amplifier. 
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bipolar 
Figure 5.3. Spectrum of a Class D RF Amplifier. 
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as desired. This is not the case with audio PWM, where spu­
rious products fall in the signal bandwidth and cannot, there­
fore, be removed. 
Unfortunately, class D SSB generation using envelope and 
phase modulation does not have this property. Since cd(9) is 
no longer limited to only 0 or TT , the form of w( 0) cannot be 
limited simply to a series of sine waves, as in (5.7), Now 
CO 
w(0) = ^  2 sin(2m+l)[0^ + cp(0)] (5.42) 2m+l 
m=l 
00 
= ^  S cos(2m+l)cp(0) sin(2m+l)0 
TT 2m+l 
m =0 
+ sin(2m+l)cpCG) cos(2m4'l)0^ (5.43) 
CO 
4 „ 1 
where 
Û [^p2m+l(») sin(2n.+l)0^ + Zg 2n.+l<®> 
m=0 
cos(2m+l)0^ ] (5.44) 
z_ X0) = sin ky(0) cos kcp(0) , (5,45) 
P ^  
Zq 0) = sin ky(0) sin kcp(0) , (5.46) 
y(0) = arcsin E(0) , (5.47) 
Cp(0) = arctan ^ (Q) ' (5.48) 
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Consider the third harmonic of the carrier,: 
GOs3(^(e) = 4 cos®cp(0) - 3 cos cp(0) , (5,49) 
sin3cp(0) = 3 sincpO) - 4 sin®cp(0) » (5,50) 
sin3y(0) = 3E(0) - 4E®(0) , (5,51) 
Zp ^ 0) = -9E(G )coscp(0 ) + 12E(0) cos^cp(0 ) 
+ .12E3(0)coscp(0) - i6E®(0)cos®co(0) , (5.52) 
z /0 ) = 9E(0 )sincp(0 ) - 12E(0 )sin®q)(0 ) 
- 12E®(0) sincp(0) + 16E® (0 )sin®cp(0 ) . (5,53) 
(Terms such as'E^^"^^(0) cos^™"^^(0) are generated for any odd 
harmonic.) 
In the triangle of Figure 3.7, it is apparent that 
E(0)cos cp(9) = Xp(0) (5,54) 
E(0)sin cp(0) = Xg(0) , (5.55) 
so both terms containing these factors are bandlimited. 
Since 
E® (0 )cos®cp(0 ) = Xp®(0) , (5.56) 
it is band limited by (5.37), as is E® (0)sin®cp(0). 
Now 
E®(0) = Xp2(e) + X 3(9) , (5.57) 
and since both (0) and x^^(0) are bandlimited by (5.37), 
E®(0) must also be bandlimited. Now 
E®(0)coscp(0) = E3(0)Xp(0) (5.58) 
and 
E®(0)sincp(0) t= E®(0)x (0) . (5,59) 
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Since both factors on the right are bandlimited, the 
term on the left must also be bandlimited by generalizing 
(5.57). 
The terms remaining are 
E(0 )cos®cp(0 ) = Xp(0 )cos^cd(0 ) (5.60) 
and 
E(0 )sin®Cf)(9 ) = x^(0 )sin®cp(0 ) . (5,61) 
The terms cos^cp{0) and sin^co(0) are not bandlimited. It 
is difficult to say much about the nature of these terms for 
anything other than a two-tone signal, which is equivalent to 
DSB/SC, and therefore yields no information. 
However,' it is possible to determine the nature of the 
discontinuities, which yields information on the .asymptotic 
behavior of the spectra. 
Since ^ ^(0) and ^^(0 ) are continuous, Xq(0 )/}:p(0 ) and 
hence cp(0) are continuous, except when E(0) is near zero (a 
change from O to 2tt is not a discontinuty), VJhen Xp(0 ) is 
zero, the arctangent function.supresses the abrupt change in 
cp. Thus the slope is continuous and cannot change instant­
ly as either x^ or x^ goes through 0, 
For Xp(8) and x^Ce) near zero, 
Xp(e) « 0 + x'p(e) d0 <5.62) 
Xg(9) 0 + x'q(0) de (5.63) 
Thus 
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2c*g(e)(-de) x^*(e)(d^) x*g(9) 
X»P(0)(-d0) ~ X '(6)(D8) ~ X' (6) 
The arctangent function, however, changes by tt when the 
in quadrant occurs (Figure 5.4), 
A change of ir in cp produces a sign reversal in cos 
sin cpp but no change in cos® cp or sin® cp, 
cos®fcp(6) ± ir] = [-cos co(0 )]® = cos®q)(0) 
sin®["cp(e) ± ir] = [-sin CD(6)]® = sin®co(0) . 
Thus there are no abrupt jumps in sin®cp(9) or cos®cp(0 ). 
derivatives of.these are 
cos3[co(0 )] = -2cosco(0 ) sincD(0) ^ 
_É_ sin®rcp(0)"J =' 2sincp(0) cosm(8 ) drn(.0l 
d0 J ^ ^ d0 
These equations indicate the possibility of an impulsive 
first derivative. Hence the spectrum must decrease asymptoti­
cally at least as fast as 1/f (see Bracewell (23)), One might 
expect these spurious products to behave somewhat similiarly 
to the timing error spurious products for DSB/SC (discussed 
later). 
Simulations of the spectra of signals composed of three 
unsymmetrical tones and two ujiequal tones are shown in Figure 
5,5 and 5,6, Note that neither of these signals can be con­
strued as a DSB/SC signal. A simulation with the tones inter­
changed produced sideband reversals around the harmonics of 
the carrier (not shown). (The spurious products at approxi-
(5.64) 
change 
cp and 
(5.65) 
(5.66) 
The 
(5.67) 
(5.68) 
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Figure 5.4. Locus of E(9) and co(0)* 
mately 5 • 10 ^  may be computer errors ; see Appendix III. ) In 
the three tone case, the ratio of the carrier frequency to 
modulation frequency (a) is approximately 6.7, and spurious 
products are approximately 50 dB below the signal at f^. For 
the two tone signal, ct « 20, and the spurious products are 80 
dB below the signal. It therefore appears that for practical 
values of a» splatter from the odd harmonics of f^ will not be 
serious. 
B. Monopolar PWM 
The spectrum of monopolar class D is of interest for two 
reasons t First, monopolar PWM can be implemented by simpler 
circuitry than bipolar PWM, since neither a negative power 
supply nor a negative switch position is required. Secondly, 
a difference in the positive and negative supply voltages can 
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Figure 5,5. Spectrum of a Class D RF Amplifier. 
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f 
USB 2 tone (pilot carrier) f^ = 9 
bipolar 
Figure 5.6. Spectrum of a Class D RF Amplifier. 
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inject a small monopolar pulse train in addition to the de­
sired bipolar pulse train (Figure 5.7). In the following analy­
sis, a IV monopolar pulse train will be used; by multiplying 
its terms by the per cent voltage error, the spectra for a 
given voltage error can be found. 
From (4.19), the monopolar pulse train is 
f 
TT ^ IT ^ ^ 2m 
m =1 
v(e) = ^ S sin 2my cos 2m0 
1 
+ 2m~ï— sin(2m-l)y sin(2m-l)G] (5.69) 
which for AM or DSB/SC can be resolved to 
OO 
v(e) = + 2 s cos 
ra=l 
.(e) 
+ 2^ 1 sin(2m-l)(i)^ t]. (5.70) 
Consider first the example of DSB/SC used for the bipo­
lar case. As before, 
to(e) = TT -sgii.K(e)4 1 , „ -5(e) + i (5.71) 
and 
y(0) = arcsin|x(e)| = 2 | A(0)| . (5.72) 
The odd harmonics are modulated by the same functions as in 
the bipolar case. However, for the even harmonics 
sin 2my(0) = ^sin 2my(9) , 0 < 0 < ^  
sin [-2m8 + 2MTT"] , ^  < 0 < TT 
3j 
2 sin [2m0 - Zmrr] » tt < 0 < ^
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Figure 5 . 7 .  Waveform with Voltage Error. 
sin [-2mG (2m -2) ir] , ^  < 8 < 2Tr 
sin [72m0 — (2m - 2 W] , 2rr < 0 < 2 
( 5 . 7 3 )  
Removing multiples of 2iT, 
s in 2my(0) = . 
Now 
r 
sin 2m9 
•••sin 2m0 
sin 2m0 
-sin 2m0 
= sin 2m0 s(20) 
cos 2m[0^ + cp(0 )] = cos["2m0^ + 2mcp(0 )] 
= cos 2m8 
( 5 . 7 4 )  
( 5 . 7 5 )  
( 5 . 7 6 )  
( 5 . 7 7 )  
because 2mcp(0) produces only multiples of 2Tr. Thus as in Fig­
ure 5.8, 
Z2JJ^(0) = sin 2m0 s (20 ) (5.78) 
The modulation functions for k even and y(0) have sharp 
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Figure 5.8. Modulation of Even Harmonics for DSB/SC. 
corners, thus are not bandlimited. Inclusion of the even har­
monics of the carrier can thus generate non-removable splat­
ter, Some limits on this are determined in Chapter VII. 
The characteristics just determined for sinusoidal mod­
ulation can be generalized for other AM and DSB/SC signals. 
First note that phase shifts to reverse the polarity of the 
fundamental always shift the even harmonics by multiples of 
217, thus producing no effect on them. 
As before, sin k arcsin x can be expanded in a seriesj 
Zj^(0) = sin k arcsin jx(0)j (5.79) 
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= |^ |3 + |^ p _ 
^ (5.80) 
= Doc - J.3 + = ) x5. . . ] sgn X 
^ ( 5  8 1 )  
= sin k arcsin x(0) sgn x(0) . (5.82) 
The infinite series will not be bandlimited in general, 
because it never terminates (k is even). When an AM signal is 
used, sgn x(0) will be bandlimited, but not for DSB/SC where 
negative modulation is involved. Simulations of the spectra 
of DSB/SC and AM generated by monopolar PlYM are shown in Fig­
ures 5.9 and 5.10. 
C. Saturation Voltage 
Non—zero saturation voltages can also introduce spurious 
signals. The dominant effect, based upon observations of the 
prototype» is that of a saturation voltage, introducing a 
square waveform, but there is also some resistive voltage 
drop, which adds a slight curvature (Figure 5.11). 
Any exact analysis would be very complicated. However, 
by the use of several simplifying assumptions,- some reasonable 
results can be obtained. Consider the saturated transistor 
characteristics shown in Figure 5.12. First, assume that the 
current flowing in the output is approximately the same as 
with no saturation voltages. The actual effect shown in (a) 
is difficult to handle. However, a piecewise linearization 
(b) simplifies the problem. Unfortunately, the transition 
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^ Desired Voltage Waveform 
^Current Waveform 
-V 
Voltage Waveform with Saturation i 
Efcfects 
Figtare 5.11. Saturation Voltage Effects. 
from one slope fco another is a complicated function of the 
modulation function. 
This profe>lem is eliminated by the use of (c). When cur­
rent flows, voltage v^ is obtained instantly, followed by a 
small increase vith increasing current. The effect of the 
changing currerst flow is to produce a small voltage, propor­
tional to the output voltage, but of opposite polarity. The 
only consequence of this is a slight reduction in the output, 
and will there£i>rs bs neglected, and the more simple model (d) 
Under the assumptions made above, the only serious ef­
fect of saturafcion voltage is to generate a square wave whose 
magnitude is v^$ with polarity opposite that of the current 
flowing : 
used 
Ug(9) = -Vg sgn i^(8) 
= -Vg sgn [x(8) sin 6^] (5.84) 
(5.83) 
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Figure 5,12. Saturation Effect Approximations. 
and 
= -Vg sgn x(0) s(0^) 
For an AM signals, x(0) > 0, so 
sgn x(e) = 1 , 
Ug(0) = -Vg s(w^t) 
(5.85) 
(5.86) 
(5.87) 
-4v_ 
= ~ir ^  skc sin(2in-l)a)^t . (5.88) 
m =1 
In this case, the only effect is a change in the carrier 
level,' proportional to v^, which probably will not be harmful. 
However, for a DSB/SC signal, sgn x(0) changes, and in­
termodulation distortion results. In the case of sinusoidal 
modulation, 
sgn x(0) = sgn sin 0=s(0) » (5.89) 
and 
Ug(e) = -Vg s(0) s(Wgt) . (5.90) 
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Figure 5.14. Circuit Changes to Reduce Saturation 
Voltage Spurious Products. 
The products generated fall off as 1/f and occur at odd 
multiples of f^ from odd harmonics of the carrier frequency, , 
as shown in Figure 5.13. The severity of this IMD is not re­
duced by reducing the modulation depth. 
Depending on the severity of these products, it might 
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be desirable to replace the ground connection of output tran­
sistors Q2 and Q3 with voltages equal to v^. This not only 
improves the efficiency slightly, but can remove most of the 
spurious product generated (Figure 5.14). 
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VI. PtTLSE TIMING DISTORTION 
Two distortion prcblems peculiar to the class D RF am­
plifier are errors in pulse length (bias) and non-zero transi­
tion times. The primary effects of both of these problems are 
shown to produce intermodulation" distortion. 
Several assumptions will be necessary to arrive at a 
meaningful characterization of the spurious products. The 
basic method will be .to add a distortion waveform u(9), which 
changes the ideal waveform w(6 ) to the distorted waveform 
Wj^(0). One critical assumption is that the effects of u(0) 
overlapping itself for large pulse widths, and the effects of 
pulse deterioration for small pulse widths can be neglected. 
A small value of bi:^s or rise time will also be assumed, when 
needed, since a class D amplifier with large errors would either 
have too much distortion or be inefficient. 
When products generated by the distortion wave u(0) have 
the same form as the desired signal or the distortion products 
already present, they will be neglected. There is very little 
practical difference between a spurious product 20dB below the 
desired signal and one which is 20,ldB below the signal. What 
is important is new spurious products appearing in places 
where there were no spurious products without the timing dis­
tortion. 
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A. Pulse Bias Distortion 
Pulse bias distortion occurs when a pulse is transferred 
from one amplifier to another. In Figure 6.1, the input pulse 
suffers from unequal rise and fall times, and the second (out­
put) amplifier does not cut in half way between the on and off 
levels of the input. As a result, the turn off transition is 
delayed more than the turn on transition, and the pulse is 
elongated, 
To analyze the spurious products produced by such a proc­
ess , lÉ»t the desired pulse train be distorted by lengths * 
and T^, as shown in Figure 5.2. Note that the 1% are 
in terms of one cycle at the carrier frequency, i.e., if tj^ 
is the actual length of time involved. 
2ir (6.1) 
INPUT 
threshhold 
level 
^ Desired width 
OUTPUT ! ( Actual Width 
Figure 6.1. Cause of Pulse Bias 
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Figure 5.2. Bias distortion Waveform. 
The distorted wave is decomrjosed into the ideal wave and 
the distorted wave : 
Wjj = w(0) + u(e) (6.2) 
The distortion waveform can in turn be decomposed into four 
waveforms : 
Ug(0) = + Ug2(0) + Ugg(6 ) + Ug^(0) (6.3) 
Each of these four waveforms represents a monopolar 
pulse of constant width with position depending on y(0) and 
cp(0). Attention will first be focused on Ug^(0), and the re­
sults then extended to the other waveforms and combined. By 
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use of (4.12), 
Ubi<9) ~ ''^ 1' 2 ~ Cy(®)  ^* tO(®)l} (6.4) 
~ sin£^ 
^  ^ z  — c o s j n w ^ t -  n [ g  -  ( y + ^ )  +  c p ] }  ( 6 . 5 )  
n =1 
First approximate 
tiTi "'^ 1 
sin • 2 « 2 Tl ( 6 . 6 )  
n n ~ 2 ' 
this will be valid for low frequencies, but will malce higher 
frequencies stronger than they really are. In the argument of 
the cosine in (6.5), approximate 
y + -y Rf y , 
The cosine then takes the form 
cos \j; = cos [n(i)|^ t - ^  + n(y-cp) ] 
(6.7) 
(6 .8 )  
(-1) cos[[nci)^t + n(y-cn)] , n even 
- n-1 (6.9) 
(-1) ^ sin[nw^t + n(y-cp )] , n odd 
Û 
(-1) cos n(y-cp) cos W^t - sin m(y-cp) sin W^t] 
n-1 (6.10) 
(-1) ^ [ cos n(y-CD) sin œ^t + sin n(y-co) cos w^t ] 
Thus the Fourier coefficients of u^^(6) are 
(6,11) 
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2 (-1 ) cos n(y-cn) , n even 
n 
\ 
T 
n-1 (6.12) 
2 (-1) sin n(y-co) , n odd 
V. 
^ -(-1) sin n(y-cp) , n even 
bu h(«) = iri (6.13) 
' (-1) cos n(y-cp) f n odd 
In the case of DSB signals, cp = 0 or tt, and 
= ( :  
cos ny sgn x, n odd 
cos n(y-CD)  •( (6,14) 
cos ny, , n even 
and 
sin n(y-CD) = < 
sin ny sgn x, n odd 
sin ny , n even 
Thus n 
(6.15) 
I (-1) ^ cos ny , n even 
= V i (6.16) 
I (-1) sin ny sgn x, n odd 
f S ^ 1 -(-1) sin ny , n even 
_(8) = ITI Dzi (6.17) 
""R1 •'* I "? 
^ (-1) COS ny sgn x, n odd 
By performing similar operations on the other three bias 
pulses, 
T + T - T - 1 
%0(8) = —  ^
The changes required for (6.16) and (6.17) are as follows; 
For T2 and T4; replace y by -y. 
T3 and T^. multiply whole term by -1. 
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Tg and 7-4; = ^  + nn (6.19) 
This multiplies terms with odd n by -1 and leaves even terms 
unchanged. Thus 
T, + Tp - T3 - T. J 
~  ^  ^ ^  ( - 1 )  c o s  n y  »  n  e v e n  
a„ ) =•/ nzi (6.20) 
I Ti + 9^ -5- To + n-. 2 I _1 6 é = (-1)- • Sin ny sgn x, n odd 
V. TF 
n 
2 (-1) sin ny 
bu = 
TT 
T2 4. 
TT 
-'^ 1 ^2 + "^ 3 - ^ 4^ 
TT 
Tl + T2 + ^3 -^ 4 
n-1 (6.21) 
2 I cos ny sgn x, n odd 
Now 
sin(2m-l)y sgn x = ^2m-l^^ ^ » (6.22) 
so this term represents only the introduction of a low-level 
bandlimited signal of the same spectral shape of signals pro­
duced by the ideal signal. 
sin 2my = Z2^(0) » (6,23) 
and is of the. same form as modulation introduced by a voltage 
error or monopolar Pl-fM. 
To illustrate the significance of (6.20) and (6,21), 
consider DSB/SC sinusoidal modulation. From Figure 6.3, it is 
apparent that for odd n, 
cos ny = cos n9c(9) , (6.24) 
so 
cos ny s(0) = cos n0s(20) . (6.25) 
For even n. 
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•H 
-1 
cos y 
y(0) 
cos y 
cos 
COS 3y s(e) 
Figure 6,3. Modulation Functions for Timing Distortion, 
cos ny = cos n6, (6.26) 
These results can be generalized for other then DSB/SC, 
The power series for cos k arcs in x is (see Jolley (22)) 
cos k arcs in x = 1- ^  x® + ^  ^ x^ - (6.27) 
When k is even, this series terminates in the term containing 
x^, since all higher order terms contain a factor of zero. 
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When k is odd, the series never terminates. Thus cos 2my is 
bandlimited to 2m the basic modulating frequency, and cos 
(2m-l)y sgn x is not generally bandlimited. 
As discussed earlier, the slight change in the desired 
signal level can be neglected. Also, the introduction of a 
bandlimited signal at the second harmonic is, although unde­
sirable, not likely to be very harmful, since it can be re­
moved by a filter. This leaves only the terms in (6,21) to 
cause harmful interference. Different types of spurious prod-r 
ucts which can be generated are shown in Figure 6,4, Equation 
(6.21) can then be used to write 
"o g " 
- —SfT" + if ^  (""^ )^ "2m-l(^ ) Sin(2m-l)w^ t 
m=l 
+ -^ S (-1)™U2^( 0 ) sin 2m(*)^t , (6,28) 
where 
and 
m=l 
0^^ (0) = + "^ 2 " "^ 3 ~ ^  , (6,29) 
U2J^(0) = sin 2my(0) , (6,30) 
U2m-i(6) = cos(2m-l)y(0) sgn x (0) (6,31) 
sgn X - -jj- X® sgn x + ^  x^ sgn x - ... (6.32) 
cTb = Ti + T2 + T3 + (6.33) 
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Unmodulated 
DC component 
Bandlimited 
Products Near 
3f_ 
Bandlimited 
Products . J 
Near 5f_ 
IMD 
% 
/\ 
Bandlimited 
Products at 
even harmonic 
s of f 
/\ 
f. 2f 3f 4f 5f 
Non—bandlimited products Non-bandlimited 
at even harmonics of f products at odd 
^ harmonics of f_, 
Figure 6.4. Types of Spurious Products due 
to Pulse Bias Distortion. 
6b = - Ti + T2 + T3 - X} (6.34) 
For monopolar F/JM, all the equations remain the same, 
with 
T3 = T4 = 0 (6.35) 
The nature of these spurious products is discussed more 
fully in Chapters VII and VIII. However, there are some read­
ily made observations. First, the most harmful interference 
should be due to the IMD (u(0)), since the other, spurious 
products will have decayed to small values hear f^. Secondly, 
the magnitude of the IMD for a given x(6) varies linearly with 
the bias error, Cg, Thirdly, for AM signals, sgn x(0) = 1, 
which should reduce the IMD somewhat. . The exact nature of the 
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IMD for SSB signals is difficult to determine without more in­
volved study, but it should not be too different from that of 
DSB/SC, since both involve abrupt phase shifts. Simulations 
of AM and DSB generation with several levels of bias distor­
tion are shown in Figures 6.5 and 6.6, Note that the maximum 
value of X was restricted so that overmodulation does not 
occur. Lowering the maximum value of x (modulation depth) 
tends to cause more rapid decay of the IMD, causing that gen­
erated by a 10% error to be smaller than that for a 1% error 
at a few frequencies. 
An added correction waveform will again be used to det­
te r mine the effects of non-zero rise and fall times on the 
spurious products of a class D amplifier (Figure 6.7), A 
truncated ramp rise and fall characteristic will be used for 
convenience. Again, the effects of overlapping and deteriora­
tion are ignored, so that 
B, Rise/Fall Time Distortion 
w^(e) = w(0) + u^(6) (6,36) 
and 
Uj^(e) = u^g ( e ) + u^g ( 0 ) + u^^ ( e ) + u^g(e) (6,37) 
From {4,26), (4.30), and; (4,34), which give the basic 
Fourier coefficients for a truncated ramp waveform. 
(6.38) 
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-wf 
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pulse bias errors as indicated 
Figure 6.5. Spectrum of a Class D RF Amplifier. 
91 
Mix .  
a/2'n — . 0] 
•J HMi tiHIii 
cj/2'nr = .001 2| 
AM 1 tone bipolar 
pulse bias errors as indicated 
Figure 6.6. Spectrum of a Class D RF Amplifier, 
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Figure 6.7. Rise/Fall Time Distortion Waveforms, 
%gn = [(si" ""^ 5 - ">• 
+ (cos nTg) cos n\] (6,39) 
%gn = [(1 c°s n-^s) si" ">• 
+ (nTg - sin nTg) cos nX](6.40) 
For small values of n , 
sin nr - nr = nT - ^ n®T' + ^ n^T^ - , . . - nr (6.41) 
"""31 (6.42) 
1 - cos nT = 1 • 1 + ^ yn^T^ ~ + . . . (6.43) 
n 
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•k 
These reduce (6,37) and (6,38) to 
so 
5^^  
Zl 
IT 
nr, T5 [( 3j-) sin n\ + (-5-) cos nX] 
2IT cos nX 
1 TK nTc 
ï r  [ ( — )  sin n \  - (-3^) cos n\] 
Tg . 
« - ^  sin n\ 
Now for T5# 
^5 = 2 ~ (y " Cp), 
n 
k 6 
"r5^  
Is 
2TT 
"^ 5 
2TT 
(-1) cos ny , n even 
n—X 
(-1) sin ny sgn x, n odd 
n 
-(-1) sin ny 
n-1 
, n even 
(6.44) 
(6.45) 
(6.46) 
(6.47) 
(6.48) 
(6.49) 
(6.50) 
(6.51) 
(-1) • cos ny sgn x, n odd 
The above equations have exactly the same form (except 
for a -H factor) as (6.20) and (6.21), so the types of spur­
ious products are the same. Noting that rise/fall correction 
pulses 5 and 7 have polarity opposite to bias pulses 1 and 3, 
(6.28) can be modified to produce 
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. vin. 4; + ^  sin(2m-l)W^t 
in=l 
•'• 00 
6-
+ ^  S sin. 2mw^ ,t , (6.52) 
in=:l 
where u^^(Ô) is the same as before, but 
'R = - Tg + + T7 - Tg (6.53) 
«R = T5 + 6^ - 'T? - Tg (6-54) 
It is interesting to note that under certain conditions, 
both a„ and 6„ can be reduced to zero, hence the distortion is K i< 
reduced almost to zero (until the approximations used break 
down). If the rise and fall times of each pulse are equal, 
= 0, and the IMD as well as the modulation around the odd har-^ 
monies disappear,. If the rise and fall times of the positive 
pulse are equal to the rise and fall times of the negative , 
pulse, 6„ = 0 also, and the even harmonics disappear. In a IV 
bipolar amplifier, the positive and negative switching should 
be symmetrical, so 6 should be small and even harmonic prod-
ucts should be negligible. 
However, when such balances do not exist, IMD and/or 
splatter appear. Simulations of DSB/SC with net timing errors 
of 2iT • '0.01 . are shown in Figures 6,8 and 6.9. In the form­
er, the rise and fall times are all equal, and spurious prod­
ucts are slight. However, in the latter, rise times are zero 
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Figure 6.8, Spectrum of a Class D RF Amplifier. 
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cy/2'rr = .01, = Tj = 0, Tg = Tg 
Transition times unevenly distributed. 
Figure 6.9. Spectrum of a Class D RF Amplifier. 
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and all the error is in tlie fall time, and spurious products 
are worse. 
It was not chance that the approximate spurious products 
for rise/fall distortion are exactly one-half those of bias 
distortion. The phase modulation is the same, regardless of 
the shape of the correction pulse. Thus as long as there is 
neither overlapping nor deterioration, the only difference for 
other rise/fall shapes will be a constant multiplying the 
same basic distortion products. The value of the constant de­
pends upon the area of the correction pulses. 
C. Approximations Used 
As stated previously, it has been assumed that the cor­
rection pulses neither overlap nor deteriorate. This produces 
a distortion curve as shown in Figure 6.10. 
The addition of bias or fall time necessitates a slight 
reduction in the maximum allowable value of y. If this is not 
done, the output signal will suffer an additional distortion 
due to clipping, and botîi the positive and negative output 
transistors may be on siiaultaneously, causing inefficiency and 
possibly resulting in damage to the transistors. 
The abrupt transition from positive to negative used 
here is probably more severe than the actual case. As illus­
trated in Figure 6.11, an actual amplifier will have gradual 
transitions due to pulse rise and fall times. The effect of 
this is to round the distortion curve in Figure 6.10, which 
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Figure 6.10» Distortion Curves. 
should result in decreased distortion products. 
D. Combination of Effects 
A real amplifier may suffer from all of the distortion 
problems discussed in Chapters V and VI, so it is important to 
know hen: these may be combined. 
The two forms of timing distortion can be combined di­
rectly, superpositioning the correction pulses of both, which 
results in superimposing the distortions of both. One impor­
tant aspect of this is that a bias error may be introduced de­
liberately to compensate for IMD due to rise/fall time errors. 
Although this may be difficult to do in an open loop system, a 
feedback system can be used to reduce significantly the IMD 
(Chapter VIII). 
Voltage-error and timing-error distortions might easily 
be mixed by considering any cross products to be the square of 
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Figure 6.11. Pulse Deterioration, 
two already-small parameters, and therefore negligible. If 
additional accuracy is needed, voltage errors may be included 
by replacing 'f for the correction pulses involved vith 
(1 + Vg)T. However, several approximations were used to ob­
tain the equations contained, herein, so it is doubtful that 
additional accuracy could be obtained by more exact analysis 
of those equations. 
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VII. SPURIOUS PRODUCTS WITH SINUSOIDAL MODULATION 
In Chapters V and VI, the distortion and/or spurious 
products caused by voltage or timing errors was characterized 
by functional equations. It was further shown that in the 
special case of DSB/SC with sinusoidal modulation, these func­
tional equations could be reduced to relatively simple phase-
shifting or chopped sinusoids or cosinusoids. This simplifi­
cation allows the calculation of some upper limits on the 
spurious products generated. 
The forms of the distortion functions are 
y(0) = aresin |x(0)| , (7,1) 
which modulates the DC bias, and 
Zj^(e) = sin k arcs in |x(9)( , (7,2) 
which modulates even harmonics of the carrier, and arises from 
voltage or timing errors, and 
Uj^(ô) = cos k a res in |x(0 )| sgn x(0 ) , (7,3) 
which modulates odd harmonics of the carrier, and arises only 
from timing errors. 
For DSB/SC modulation, 
x ( 0 ) = s i n 9  ,  (7 , 4 )  
and as shown in (5.74) and (6.25), 
y(6) = 4 + 4A(20) (7,5) 
2jç(0) = sin k9 s(20) (7,6) 
and 
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u^^(9) = cos lc0 s(20) (7.7) 
The spectra of these can be determined and used to compute the 
maximum amount of spurious products falling on a given fre­
quency. 
Amplitude modulation has smaller spurious products in 
general than DSB/SC, in part due to the lack of one phase . 
shift (sgn x = 1 for AM). For AM at 100% modulation, 
x(G) = ^  4- ^ s in 0 . (7.8) 
Hovever, an exact form for Zj^(8) or u^( 8 ) is difficult (see 
Chapter VIII). To get a (very) crude idea, of what upper lim­
its would be for AM, the sgn x or |x( phase shifting will be 
ignored, although (7.3) will be used to generate manageable 
equations. This results in 
y(e) = f A(e) (7.9) 
z^(0) = sin k arcsin x(0) (7.10) 
= sin k0 c(8) (7,11) 
and u^( 0 ) = cos k arcs in x( 0 ) (7.12) 
= cos k0 c(0), (7.13) 
each of which has half as many phase shifts as its DSB count- . 
erpart (Figure 7.1). The actual forms of y, and u^ for AM 
are shown, along with the ones used for computation. It ap­
pears that the actual waveforms are more rounded, hence the 
limits found should exceed the actual limits. 
Begin by recalling (4.24) and (4.22), 
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Figure 7.1. Waveforms Used to Find Upper 
Limits on Spurious Products. 
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c(e) = ^  [cos 0 ~ 3 cos 30 + ^  sin 50 ..,] 
OO 
À ^ — T 
= ÏT 2 2^+1 cos(2in+l)0 
m=0 
and 
s(20) = ^  [sin 20 + -^ sin 60 + -g 100 + •••3 
OO 
= ^  2 sin(4m+2)0 . (7.17) 
m=0 
A, Voltage Error Products 
DSB/SC generated by monopolar PWM will be considered 
first. To apply these results to voltage errors, the spectra 
derived are multiplied by a normalized Av. 
Modulation of the DC component also occurs, and has the 
form 
y(0) =|f ACS)! = I + 5A<2e) (7.18) 
oo 
= ^  ^ Z (2i+i)^ sin(4i+2)0 (7.19) 
i=0 
Letting f be a frequency where a spurious product may 
occur, 
2i + 1 = I . (7.20) 
A factor of I/tt occurs in (5.69), thus the magnitude of 
a distortion product at frequency f is approximately 
(7.14) 
(7.15) 
(7.16) 
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= « • n • ( f / 2 ) ^  = ^ 
If the ratio of carrier frequency to modulation frequency is 
a = ,  (7 .22)  
X 
then the spurious products falling near the desired signal 
are approximately 
DQ(f^) « ^ 2^ 3 . (7.23) 
From (7.17), 
sin k0 s(20) = — Fsin k9 sin 20 + ^  sin k0 sin 69 ...1 
2 (7.24) 
= ^  [cos (k-2 ) 0 - cos (k+2 ) 0] + ^[cos (k-G ) 0 -
cos(k+6)0] + ^ [cos(k-10)0 - cos(k+lO)0] 
+ ...j . (7.25) 
When k =r 2, 
22(6) = ^  1 - cos 40 + ^  cos 40 - ^  cos 80 + ..^(7.26) 
= ^  ^1 - (1-^) cos 40 — (3'"^) cos 8 0 — ...J" (7.27) 
= ^  ^1 — ^^2 cos 40 - 2^5 cos 80 - ...^ (7.28) 
The terms for k = 2 show an ass^anptotic 1/f® decay, a 
similar result holds for other values of k. Consider the co­
efficient of cos m0 where m is large; contributions come from 
the i~ and terms such that 
m  =  4 j  +  2 -  k  =  4 i + 2  +  k  .  ( 7 . 2 9 )  
Then 
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2j + 1 = ^  (7.30) 
2i + 1 = 2Î? . (7.31) 
Now 
=km = |- ziiJ + ztîl # 
2  I  2  + ^ 1  ( 7 . 3 3 )  
IT I m+k m-lc 
-m+k+m+k 
IT I (m+k) ( m-k ) (7.34) 
Modulation of the k^ harmonic causes two sidebands to 
appear, halving the magnitude of the product (D^) at any given 
frequency. However, foldover contributes an additional prod­
uct (D^). There is also a constant of Z/rrk for the k^ har­
monic (Figure 7.2). Thus 
"k = ïrtc ' n|m=-k;=| ' 2 (7.36) 
= -j-Sr! ' (7-37) 
Frequency differences of kf^ — f and kf^ + f apply to the di­
rect and foldover products, respectively, so 
1 
|[(kf^ -f)^ ]=-k= D^(f) = ^  T (7.38) 
and 
D^(f) = ^ -r: • (7.39) |C(kf^+f)^]=-K=| 
When f = f^. 
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Figure 7.2. Spurious Products at a Given Frequency. 
and 
and 
± f = (k±l)f^ , 
^k(^c^ = n 8 
D'(f ) = 8 
(k~l)^a^—k^ 
(k+1 ) ®ct®-k® 
(7.40) 
(7.41) 
(7.42) 
'k'^ 'c' ~ TT^  
By assuming that all products add, the worst case spur­
ious product at a given frequency can be determined : 
D(f) = Dg(f) + S [D^(f) + D^(f)] (7.43) 
k " 2) 4 • . -.  
When f = f^, a numerial answer can be obtained easily by drop­
ping the -k® in the denominators of (7.41) and (7.42): 
= + ^  (k-1)^ + (k+\)^} (7.44) 
k=2,4,... 
8 { 
= iT=a= I 
D(f^) 
1 + S ^  + S ^  j (7.45) 
in—• 3L y 3 y * • • TTi— 3 y 5 y • # • 
16 , .1. _ 16 . Hf _ _2 
- TT^a^ ^ m2 - Tr^a = 
lU— ly3,3f . . . 
8 - ' (7.46) 
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(by use of #339 from (22)). To reduce the maximum spurious 
level to -80 dB below one of the desired sidebands of a mono­
polar generated signal. 
For other frequencies, a summation can be carried out as 
above, but numerical evaluation is easier. Since the terms • 
decrease as l/k®, 32 terms will result in an error of approxi­
mately .001 f» 1/32®. Plots of D vs f for a = 10, 100, and 
1000 are shown in Figure 7.3, For reasonable values of a> 
the limit on the spurious products is nearly constant near f^. 
The procedure for an AN-like signal is the same. 
a® > 2 • TT • lO"*"^  , or (7.47) 
a > 250 . (7.48) 
y(e) = fA(«) (7.49) 
00 
_ 4 2 (-1)^ 
- TT ^ (2i+l) 
i=0 
s s in(2 i+1)0 (7.50) 
(7.51) 
z^(0) = sin k0 c(0) (7.52) 
(7.53) 
^[sin(k+l)8 + sin(k-l)8] 
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Figure 7.3. Maximum Spurious Products for 
Monopolar DSB/SC, 
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8 f 1 
+ (^-^) sin 76 (7.56) 
sin 0 + sin 30 - sin 50 
+ sin 70 - ...(7.57) 
°tan = u Isrt " Sfel 
= # = ; li^ l^ • 
At this point it becomes apparent that since Dq and c^ 
are half of their equivalents for DSB/SC, the maximum spurious 
limits will be half those for DSB/SC. Thus for AM, a > 177 
should keep the spurious products —80 dB from the carrier, 
B, Timing Error Products 
As discussed in Chapter VI, timing error spurious prod­
ucts canj'ibe divided into two types: IMD and background. The 
j! 
determination of upper limits for timing error products is, 
! • 
however, complicated somewhat by their non-linear dependence 
on the timing error paramenter c. 
The simplifying assumption used in (5.6) that 
^ ^ (7.60) 
must be dropped. It eliminates one factor of 1/n in the sum­
mation to determine background products, and the remaining 
terms contain only a factor of 1/n, and are therefore not sum-
mable. Using sin ^produces summable terms, but the magni­
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tude may vary both up and down with changes in T, making upper 
limits difficult to find. Replacement of sin —^ by 1 prod­
uces an upper limit, but eliminates all dependence on T, 
The use of the piecewise clipping function 
r X, X < 1 
g(x) = \ (7.61) 
l^l, X > 1 
can eliminate this problem by allowing the lower frequency 
terms to depend on T* while preventing decreases in the higher 
frequency terms. 
For a DSB/SC signal, 
u^(0) = cos 3c0 s(20) (7.62) 
= ^  \ cos k0 sin 20 + è cos Icy sin 60 + ...| 
^ I (7.63) 
= ^  '^[sin(k+2)0 - sin(k—2)0] + ^ [sin(k+6)0 — 
sin(k-6)0] + 'g[sin(k+10)0 - sin(k-lO)0] 
} (7.64) 
For the IMD, 
u^ (0 ) = ^  [sin 30 + sin 0] + ^ [sin 70 + sin 50] 
+ -gCsin 110 + sin 90] + (7.65) 
None of the terms above is the same frequency, so no cancella­
tion can occur, and decay is slow (1/f), For large m. 
This gives IM products of the form 
Ill 
IC) «'g ' 6 ' i (7.67) 
T—4r . (7.68) 
f " lf-fi 
Thus 
c 
Assume that the errors are evenly distributed, i.e., 
T. = -f (7.69) 
B^(f) = • ? (7.70) 
" kiT TT ; 2 
' O -
'4' 8g{f) 
IT kjkf -fI (7.71) 
and 
8g(|) 1 
= -T- • k|M;+f| • C'72) 
The maximum product is then 
B(f) = B[(f) + 2 [B^(f) + B^(f)] (7.73) 
kzz 3,5, ... 
Numerical evaluation of (7.68) and (7.73) was performed, 
for various values of c and a, and the results are displayed 
in Figure 7.4. Note the approximately linear relationships 
between B(f) and a and 1/a. It can be seen that near the car­
rier frequency, 1(f) dominates 3(f). 
For an AM-like signal, 
Uj^(9) = cos k0 c(0) (7.74) 
4 
IT 
cos k6 [cos 8 - % cos 30 + -^ cos 50 - ...1 
^ ^ (7.75) 
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s+l_ 
I, B 
J. 
f„+10 f +20 c c 
a = f. 
As DSB/SC SIGNAL 
B: I, cy/2iT=0.1 
C: I, a/2TT=0.01 
Ds I, a/2Tr=0.001 
Es B, (1=10, cy/2'rT=0.1 
FI B, a=10, c/2rr=0,01 
G: B, a=10, .a/2TT=0.001 
H: B, a=100, c?/2Tr=0.1 
I: B, a=100, cT/2Tr=0,01 
J: B, (x=100, cr/2"TT=0.001 
K» B, a=i000,a/2Tr=0,1 
LI B, a=1000, cf/2'n"=0, 01 
Figure 7.4, Maximum Spurious Products for Bipolar 
DSB/SC with Various Timing Errors. 
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= ^  [cos (k+1 ) 6 + cos(k-l)e] - ^ [cos (k+3) 6 + cos (k-3 ) 6] 
+ ... } (7.75) 
u. (G) = [cos 20 + l] - ^ [cos 40 + cos 20] + ...} 
. " (7.77 ) 
= %{ 1 + (l-è) cos 20 - (i-i) cos 40 + ... } 
TT I J J b (7.78) 
= ^ + ^ {iTs cos 20 - 3^ cos 40 + . . . ^ (7.79 ) 
The AM-like signal has a l/f^ decay, thus 
^km = 
_1 1_ 
ra-k ~ m+k 
m+k-m+k 
(7,80) 
. (7.81) 
TT I (m-k) (m+k) I rr 
The IMD then has the form 
1(f) = 5 • â ' " i (7.82) 
As before. 
rr TT I m^-1 I 2 
c 
4g ('^ ) 41  ^ I 1 
= ~TÎÏ~ • il 1 • 2 
89(^ 1 1 
|(kf^+f)2(^)2-k2| (7.85) 
and 
89(4) 1 
^ ^c 
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î 
«C+IO %+20 
a = f. 
A: AM-Like Signal 
Bi I, &/2n=0.1 
C: I, 0'/2Tr=0,01 
D: I, cj'/2it=0 , 001 
E: B, a=:10, cy/2iT=0,l 
F; B, a=10, cr/2'tt=0.01 
G: B, a=lO, o'/2Tr=0.001 
Hï B, =100, (f/2iT=0.1 
Figure 7. 5. Maximum Spurious Products for Bipolar 
. AM-Like Signal with Various Timing 
Errors. 
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Numerical evaluation of (7,86) and (7.87) was performed 
as for DSB/SC, and the results are shown in Figure 7,5, Note 
that the B(f) are still approximately linearly related to cr» 
but now decrease according to a^. Again, 1(f) dominates near 
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VIII. SPURIOUS PRODUCTS FOR GENERAL CASE 
It would be useful to have general expressions such as 
00 
Uj^ (e) = a^ Q + Z (8.1) 
n=l 
for a general modulating function 
N 
x(e) = a^Q + 2 [a^ cos n0 + b^ sin n6] . (8.2) 
n=l 
Unfortunately, such formulae are not easily obtainable . 
There are several basic relationships which may be used 
to attack this problem: (1)Power series for the distortion 
functions ((22), #845 and #844):; 
cos k arcsin x = 1 - ^  x® + ^ ^ x^ - ,,, (8,3) 
sin jc arcsin x = toe - x' + K(k°-1° ) ) ^ 5 . ... 
'  (8 .4 )  
(2)Binoniial and multinomial theorems: 
(x^  + x^ )'^  = x^  + nx^ '^ Xg + ... + ({^ )x^ ""^ x2 + ... + x^  
(8.5) 
xHj 
+ ... + x^ ) = S . ni TT  ^ (8.6) 
"l'^ 2' • * • 
where 
m 
Z n^^ = n (8.7) 
i=l 
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and S indicates the sum of all possible unique combinations, 
"l" • 
(3)Trigonometric expansions of povers of sine and cosine ((22), 
#654, 655, 652, and 653); 
sin^^O = - [cos 2n0 - (^) co8(2n-2)6 + 
(^) cos(2n-4)0 + ... + (-l)^^(^)] (8.8) 
gij^2n+l _ (-1^ [sin(2n+l)0 - (^^^) sin(2n-l)0 + 
(^^^) sin(2n-3)0 + ... + (~1)^(^^^) sine] 
^ (8.9) 
cos^^0 = 2n-i [cos 2n0 + (^) cos(2n-2)0 + 
(^) cos(2n-4)0 4- ... + ^ (^) cos 0](8.lO) 
cos^^'^^0 = [cos(2n+l)0 + (^^^) cos(2n-l)0 + 
... + (^^^) cos 0] . (8.11) 
Combinations of the above result in very avkward expres­
sions, as will be shown. The clipping effects of sgn x(0) 
add further complications. However, some basic relationships 
can be derived. 
A recursive relationship can be used to convert cos arc-
sin X = u^(0) to other distortion functions: For example 
sin 2 arcsin x = 2 sin aresin x cos arcsin x (8.12) 
= 2x cos arcsin x , (8.13) 
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and 
cos 3 arcsin x = cos 2 arcsin x cos arcsin x 
+ sin 2 arcsin x sin arcsin x (8.14) 
= il—^^2^ ^x^) cos arcsin x 
+ 2x(cos arcsin x) x (8.15) 
= (l+2X^) cos arcsin x , (8.16) 
This process can be continued to as high an order as desired. 
The power series expansions can be used to show the ef­
fects of varying modulation depths. Let 
x(6) = b sin n0 , (8.17) 
where 
0 < b < 1 . (8.18) 
Then 
cos k arcsin x = 1 - + kiDsîzZiXbfsinînl .... 
4 1 (8.19) 
= 1 
k®b® r 21 
2:2 ^2(15)2 " 
2_9 ® 
+ ^  [2(2!)^ " 4 COS 2nô + cos 4ne] 
+ .. • (8 « 20) 
r-i 2! . _ zkflKîzzHiiX ,4 1 
~ L ^212 2(11)2) + (412=2(2!)^ ) " 
+ ^^£"212 " ^  + .. .] cos 2n0 
+ 2^ ) - . ..] cos 4n0 
(8.21) 
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It. is apparent that cos inn9 is multiplied by n > m, 
and hence must decrease at least as fast as b^ as b is de­
creased. This effect is shown in Figure 8.1. If x(0) also 
contains lower frequencies, the results are the same, since 
the highest frequency term produced contains b^ or a higher 
power. 
Simulations of the spectrum generated by monopolar PWM 
for AM and DSB/SC signals are shown in Figures 8,2 and 8.3, 
with the modulation reduced to half of its maximum depth. 
For DSB/SC, spurious products drop 19,2 dB near the carrier; 
for AM, 87 dB, 
Simulations of a 1% bias error are shown in Figures 8.4 
and 8.5. An IMD reduction of 9.4 dB (compared to the desired 
sidebands) can be observed for the AM signal. However, for 
the DSB/SC signal, the IMD to sideband ratio increases 2.4 dB 
(although the actual IMD magnitude decreases). The cause of 
this is that the bias correction pulses (u_(0)) still suffer 
JD 
abrupt phase shifts according to sgn x(9). Thus decrease of 
signal magnitude does not help IMD much for DSB/SC (or SSB), 
The method of finding the spectrum of a distortion func­
tion will be illustrated for u^(8) of an AM modulating signal: 
x(0) = -^(1 + sin 0) , (8,22) 
x®(9) = ^ (1 + 2sin 0 + sin®0), (8,23) 
etc. Then substitution into (8,3) produces 
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Figure 8,1. Variation of Spurious Products 
vith Depth of Modulation. 
u£(0) = l - 2 ^ 6(1 + 2sin 6 + sin®0) 
+ - ^(1 + 4sin9 + 6sin.®9 + 4sin^8 + sin^^ô ) 
4! 2 
- (1-2^) (1-4^) ^  ^ 6sin9 + sin®0) 
61 2° 
**" 1 * 2* 3 + frf sin^Q + sin^Q + sin^©) 
+. ... (8,24) 
_ r, 1_ ^  (1-2^) _ (1-2^X1-4=) . (1-2^X1-4=) (1-6=) 
2^^ :4î 2® 61 2® 81 
* * * 3 
+ [0 - Y&5(i) + ^^"^^4(1) - sine 
^  1  4 1 2 - ^  6 1  .  2  " " •  
+. [0 - 2l^ <2^  + + ..,]sin2e 
z i z  z  41 2 61 2 
+ [0 + 0 + - ll=2îin=p(6, + 
41 2 ^ 61 2° 
0 10 20 30 , 40 50 60 
f 
DSB/SC 1 tone 50% modulation depth 
= 10 monopolar 
Figure 8,2, Spectrum of a Class D RF Amplifier, 
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DSB/SC 
fc = 10 
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Figure 8.4. Spectrum of a Class D RF Amplifier. 
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Figure 8.5. Spectrum of a Class D RF Amplifier. 
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+ [O + 0 + - (3-"2^)(1~4^)^6^ + . ..]sin^e 
41 2^ ^  61 2° ^ 
+ ... (8.25) 
= f|0 + 'îi sin 0 + 2^ sin®0 + ... (8.26) 
(The above also could have been obtained by a Taylor series . 
expansion.) 
The decompositions of powers of sine and cosine are then 
used to produce 
Uj^(e) = Ho []-] 
+ % [ sin 0] 
+ 20] 
+  t [ 3 ( ^  ) s i n  0  +  s i n  3 0 ]  
+ 1|4^C"|(2) - (^)cos 20 + cos 40] 
(8.27) 
Thus 
u^O = + ^ (l)% 4^(2)^ 4 + 
^ul = Hi 
®u2 ~ "2^2 " 2®^1^^4 ~ ^5(2^^6 + •••• (8.28) 
etc. 
The equations above work, but due to the infinite sums 
involving other infinite sums, are very difficult to evaluate. 
Introduction of variable carrier level and modulation depth 
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can further complicate the situation. 
It seems that expressions for the spurious product spec­
trum for a general modulating signal are too general to be 
useful (without more work). Some work on the spectrum of an 
FM signal with a general modulating signal has been done (24), 
but results are still general. 
The above results apply only to AM signals. For DSB 
signals, sgn x<0) has to be decomposed, and then multiplied 
with power series results. Possibly the most practical way to 
attack this problem would be to use a polynomial approximation 
for cos y sgn x. Such an approximation might actually come 
closer to the actual situation, since it would, in a sense, 
introduce pulse deterioration rather than abrupt polarity re­
versals. 
Finally, for single sideband signals, substitutions re­
placing 
g(6) sgn x(0) sin w^t (8,29) 
with 
g( 0 )[cos m(6) sin w^t + sin CD(0 ) cos w^tl (8.30) 
must be used, Again, without further work, (8.30) has little 
meaning. 
In Chapter V it was suggested that a single tone at the 
highest frequency vased (two tones for SSB) produced a severe 
test of the system, since all the energy'- is packed at the edge 
of the band. While qualitatively this seems correct, it must 
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be applied with caution. For example, a two-tone (equal magni­
tude) test of an SSB class D transmitter might produce small 
spurious products. Introduction of a third tone (with corre­
sponding decreases in the other two to prevent overmodulation), 
can result in spurious products i-f its frequency is not halfway 
between the frequencies of the other two tones. 
Simulations of DSB/SC and AM with two equal tones (whose 
peak is 1) are shown, in.Figures 8.6 and 8.7. The carrier fre­
quencies are 20 instead of 10, so a is the same as in previous 
simulations. The spurious products near the carrier decrease 
by 16.5 dB and 13.5 dB, respectively, from the single tone 
case. While this certainly does not prove absolute validity 
of the single-tone test, it does illustrate some usefulness. 
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IX. DISTORTION REDUCTION BY USE OF FEEDBACK 
. . Feedback systems offer a means of reducing spurious 
products due to timing errors. Efficiency may still be high 
for rise/fall times of 10%, but distortion may be too great to 
make the amplifier useful unless feedback is used. 
The basic principle of a feedback system is that it ex­
amines both output and input, and adjusts the output to equal 
the input. Determination of the behavior of a feedback system 
containing a non-linearity is difficult, but by making some 
approximations, approximate characteristics can be determined. 
Figure 9.1(a) shows the basic form of an actual system. 
The pulse train output from the class D amplifier can be de­
composed into harmonics of f^. By assuming negligible splat­
ter from modulation of these harmonics, they can be neglected, 
and the characteristics of the output filter FQ((S3) and detec­
tor filter Fp(W) lumped into one audio filter F(to) (Figure 
9.1(b)). The system can then be reduced to an audio system, 
where the distortion effects are performed by a function 
p(y>cf) (Figure 9.1(c)). 
By specifying the Fourier coefficients of x(0), it should 
be possible to set up and solve equations for the Fourier co­
efficients of u(6) which give a steady state solution. How­
ever, the function p(y>cy) has the form (for bipolar AM) 
p(y»cr) = y + 4 [cos arcsin x] , (9.1) 
since 
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x(0 ) 
-w 
DETECTOR 
ENVELOPE 
OUTPUT 
FILTER 
F„(W) 
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RF 
AUDIO 
FILTER 
F^(W) 
(a) Actual System 
x(0) G/d0 
•o V 
DETECTOR 
ENVELOPE MODIFIED 
AUDIO 
FILTER 
F(W) 
CLASS D 
AMP 
RF 
(b) Decomposition by Harmonics of the Carrier 
x(0 ) — 
-uie ) 
pCyîcr) r ~ ° x(0) + u(0) 
x(e) + u(0) 
(c) Reduction to Audio System 
Figure 9.1. Feedback System. 
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^ x(0) sin (i) i: + % cos arcsin x sin w t 
TT C TT C 
= ^  [x( 8 ) + ^  COS arcsin x( 6 )] , (.9,2) 
and generates an infinite number of frequencies for any input 
other than DC. It is not hard to see that this complicates 
the problem tremendously. 
A means of avoiding this is to approximate p(y;o") by a 
finite number of terms. For example, if 
p(yja) w y + ^  [i - ^ y^l , (9,3) 
the frequencies generated wil be no greater than twice the 
highest frequency in x(0). 
Even with this simplification, the feedback loop can s 
cause an infinite number of frequencies to be generated. As 
the second harmonic generated by p(yîa) is fed back, it gen­
erates a fourth harmonic, etc. This can be eliminated by as­
suming that F((j3) cuts off completely at a certain frequency, 
eliminating completely all higher frequency products. 
The resultant equations are still complicated but can be 
solved by the use of numerical iteration. The technique will 
be illustrated for an AM signal. 
x(0) = a^Q + b^^ sin 0 , (9.4) 
with the approximation (9.3) for p(y;a") and an F(w) which 
passes frequencies up to with no attenuation, while re­
jecting completely all higher frequencies. 
The resultant form of u(0) is 
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u(0) = a^Q + cos 6 + sin 0 
+, a^2 cos 20 + b^2 sin 20 (9.5) 
Then the integrated error signal has the form 
y<0) = a^Q + a^^ cos 0 + b^^ sin 0 
4" ay.2 cos 20 + by2 cos 20 - Ga^Q0(9.5) 
= G f u(0) d0 , (9.7) 
Unless y(0) is to become larger without limit, Ga^Q0 must be 
zero, so 
This causes 
a ^ Q  — 0 ,  ( 9 , 8 )  
3yl - -G^ul (9.9) 
byl = +Ga^^ (9.10) 
®y2 = 'i^u2 (9.11) 
V = +2^u2 (9.12) 
The DC term, is a constant which is determined by the 
rest of the equations. 
The term in (9.3 ) can be expanded: 
y'fe)- = [3yo= + hyl" + Kl' + K2' + 
+ + V^y2 + Vy2^ ® 
+ + ay^by2 - sin e 
+ [^^yO=y2 + 2®yl° " 
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J 
+ C2ayoby2 + 
+ CW " 
+ C^ylV + VV^ 
+ [|ay2= - §by2^] cos 48 
+ [9y2^ y2"^  sin 48 (9.13) 
The resulting distorted output then has the form 
p(y;(j) = SpQ + cos 0 + ... + sin 46 , (9.14) 
where 
®pO = =yO + 4 - 8=Y0° -
4'16'^^'^u2° " 4-'l6°''®u2^ (9.15) 
®pl ~ •'" 4'^^yO^ul ~ 3^°°''ul°u2 ~ (9*16) 
V = °®ul - ^ °®y0^ul + - ^ °''®uA2 
®p2 " ~2^'a2 * 's'^^yO^uZ " (9.18) 
p^2 ~ 2®u2 ~ 8°®yO®u2 * 8°^ ''ul®ul 
^p3 = * ^ °°^U1®U2 <®-20' 
V = é°Xl^ u2 + <^5°^ UI''U2 (9-21) 
=p4 = + â°=^u2° (9.22) 
''p4 ~ ^ ^u2^u2 * (9.23) 
The balance of these against the Fourier coefficients of 
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X + u requires 
and 
^pO = ^xO t ° ' 
Si = ° + "'ul , 
p^l = x^l "• u^l ' 
^p2 = ° ^u2 ' 
^p2 = ° + ^ u2 • 
Five non-linear equations in five unlcnowns result. For nota-
tional simplicity, let 
c- = a yO 
''2 = ®ul 
«=3 = ^ul 
^4 = =u2 
^5 " ^u2 
The five non-linear equations are then 
1^ + 4 8^ 1^  ~ "^ *^ ^^ 3^  ~ 15^ 2^  "" ^^ 5^  " 64Tr^ 4^  ~ ®xO 
-GC3 + ^ Gc^cg - - "^^^*^2^4 ~ ^2 
GC2 - •|GCj_C2 + ]^G^CgC^ - ï^G^CgCg = + C3 
.G a, 
2 4 * 8^^1^4 15 "oCy, + -gGc^ C„ - i^G^Cg^ + -^G^Cg^ = 
2^ 5 ~ 8®^ 1^ 4 "*• - Cg 
9.24) 
9.25) 
9.26) 
9.27) 
9.28) 
9.29) 
9.30) 
9.31) 
9.32) 
9.33) 
9.34) 
9.35) 
9.36) 
9.37) 
9.38) 
Any sort of direct solution appears difficult. However, 
when cJ = 0, the non-linearities are removed, and a solution • 
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can be obtained. The equations can then be linearized, and 
solutions found for a 7^ 0 by iteration. The linearization pro­
cess uses 
c^^c^ —> (c^ + dc^)(c2 + dc2) (9.39) 
« c^^cg + c^dcg + ^2^0^ (9.40) 
(dc^dC2 is dropped). The resultant linearized equations are 
(1 - + (-gG^C2)dC2 + (-gG^Cg)dCg + (-|G^c^)dc^ 
+ (-gG»Cg)dcg = - 4 - ""l + 
•§• (Cg^  + Cg® + c^ ® + Cg^  ) (9.41) 
(|Gc3)dc3 + - DdCj + (gcc^  - - G)dc3 
+ (-^G^c^jdc^ + (-3^0=03 )dCg = =2 + GC3 - •fGCj^C3 
+ f6°^ '=3°5 16°°'=2=4 
(-J3c2)dcj^ + - 3^ G^Cg + G)dc2 + - DdCj 
+ <^ ''<=3>•''=4 + = ''xl + =^ 3 - GCg 
+ gGc^Cg - ^ 8^=3=4 + Û°'''2'=5 (9-43) 
(gGc^)dc^ + (-§0^=2)6=2 + (-^5^03)dc3 + (gGCj^ - ^  - 1) dc^ 
+  ( O ) d C g  = 0 4 +  f c ^  -  f G c ^ c ^  +  3 ^ G = C 3 =  -  ^ G = C 2 '  ( 9 . 4 4 )  
(~^Gc^ )dc^ + ('8G^Cg)dc2 + (-^G^Cg )dcg + (-^Gc^)dc^ 
+ (^ - Ijdcg = Cg - ^ Cg + ^ Gc^c^ + ^ G^CgCg . (9,45) 
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These can be arranged in matrix form 
ûij^c t f c * dc — D ( Cj^ J C2 * > c^ » c^ ) l"-2"-3''-4"'5 (9.46) 
Given starting values, (9.46) is solved, and then the 
are revised according to 
and the process is repeated until the dcare insignificant, 
A convenient starting point is provided by G = 0 and g = 0. 
The values witli cf = 0 can then be computed, and from these, 
the values witli > 0 can be computed. 
With no feedback. 
(9,47) 
x®(0) = (a^Q + b^^ sin 0)^ (9.48) 
(9.49) 
(9.50) 
The Fourier coefficients of the distortion are then 
(9.51) 
j^ull ~ 2 ^xO^xl (9.52) 
(9.53) 
For the signal used. 
^ u o l  = 4  4  8  =  ( . 0 9 3 7 5 ) 0  (9.54) 
(9.55) 
I = 8 (2)^ = (.03125)a (9.56) 
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Figure 9,2. Feedback System with ff/2iT = 0. 
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Figure 9.3. Feedback System with a/2'tt = 0.001 
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Figure 9.4, Feedback System with cr/2Tr = 0.01 
Figure 9,5, Feedback System with ct/2tt = 0.1. 
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Solutions for values of G from 0.1 to 100 and timing er­
rors of 0, 0.1%, 1%, and 10% were found by computer, and are 
shown in Figures 9.2 through 9.5. Figure 9.2 shows the abil­
ity of such a feedsystem to "track" the input signal when 
there is no distortion. In the other figures, variations of 
the spurious products with gain are shown. There appears to 
be a sort of resonance at G = 2, as the filter begins to 
track, but for higher gains, the magnitudes of the spurious 
products decrease, A decrease of 20 to 40 dB, depending on cf, 
is possible with a gain of 100. 
This is a long way from a good solution to the feedback 
system effectiveness. However, the incorporation of addition­
al terms generates an enormous amount of additional work. 
Possibly computer aided sorting could be used to eliminate the 
manual differentiation and sorting involved with deriving 
(9.40) through (9.44). 
Some consideration should also be given to application 
of a feedback system to DSB and SSB generation. The same 
technique should apply to DSB/SC signals, but the function 
P(y»cf) will have to be modified. It would probably be best to 
incorporate pulse deterioration into the model, rather then to 
use cos arcsin x sgn(x), due to discontinuities of the deriva­
tives at X = 0. For SSB, both envelope and phase feedback 
might be employed, as in Figure 9.6, and the analysis is 
likely to be fairly complicated. 
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Figure 9,6, Envelope and Phase Feedback System, 
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X. COMMENTS AND CONCLUSIONS 
The use of pulse-width modulation or class D amplifica­
tion to generate a modulated radio-frequency signal has been 
investigated with regard to efficiency and spurious products. 
Two significant advantages of PWM switching at the car­
rier frequency were found: First, its efficiency is higher 
than that of other types of amplification. Secondly, for dou­
ble-sideband signals, spurious products for the ideal ampli­
fier are bandlimited around the harmonics of the carrier, and 
can easily be removed. 
Distortions particular to this type of amplifier were 
analyzed. There are three important types; Voltage error, 
saturation voltage, and timing error. Voltage-error distor­
tion occurs when positive and negative voltages are unequal, 
and generates infinite bandwidth spurious products around the 
even harmonics of the carrier. Non-zero saturation voltage 
does not generate harmful spurious products for AM, but for 
DSB/SC or SSB, it generates IND around the carrier and its odd 
harmonics. Timing error arises from elongated or shortened 
pulses, or from unequal transition times. It generates infin­
ite bandwidth products around odd harmonics of the carrier. 
Generally, the only significant effect is IMD around the car­
rier. The largest IMD product generated is reduced below the 
desired signal by approximately the ratio of the net timing 
error to the period of the carrier. 
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Further worit needs to be done on the spurious products 
of a general SSB signal. The inherent modulation of odd har­
monics of the carrier is not bandlimited. Although simula­
tions show it to decay rapidly, no theoretical assessment was 
made. Knowledge of the characteristics of this modulation 
would be very useful in determining whether the interlacing/ 
overlapping methods or Kahn's method would be best for SSB 
generation. 
. . Knowledge of the spectrum of the spurious products (8.1) 
for a general modulating signal would be useful, particularly 
if it can be used to determine absolute upper limits for the 
spurious products. it may suggest the definition of a new set 
of special functions to do this. 
The applicability of feedback systems, both amplitude 
and envelope-phase types, should be examined more fully, since 
reduction of the distortion by feedback will allow the class D 
amplifier to operate as much as a decade higher in frequency. 
Comparisons with other types of high-efficiency amplifi­
ers should be made, including classes AD and ED (see appendix), 
quantization, and multi-level hybrid methods. The Avco report 
(18) should be interesting in this respect. 
Also interesting would be the combination of a digital 
single-sideband generator (25) with the class D RF amplifier 
to malce a completely digital transmitter. Spurious products 
may make this combination unworkable, however. 
Because of its high efficiency and desirable spectral 
145 
characteristics, the class D RF amplifier may be the best 
means of extending solid state circuitry to high-power, high' 
frequency transmitters. 
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XIII. APPENDIX I: OTHER AMPLIFIERS 
The attention given spurious products generated by a 
class D RF amplifier might give the impression that it has 
more severe problems with spurious products than classes B, AD# , 
or BD. It appears, however, that the spurious product problem 
is no more severe, or even slightly less severe, than those of 
the other amplifiers. A detailed analysis of the spurious 
products generated by these amplifiers is beyond the scope of 
this dissertation, but several quick observations are possible. 
A. Class B 
The operation of a single-ended (non push-pull) amplifi­
er may be approximated by a piece-wise linear model shown in 
Figure 13.1, for unity gain. With no signal input, the ampli­
fier output w (before the tuned circuit) is the quiescent 
voltage q. The amplifier operates linearly, saturating at 
w = 1 and cutting off at w = 0. 
The waveforms generated by such an amplifier are shown 
in Figure 13.2. For purposes of analysis, it is convenient to 
decompose the output waveform w(t) into a rectified wave r(t), 
quiescent voltage q, and clipped wave u(t): 
w ( t ) = r ( t ) + q + u ( t )  .  ( 1 3 . 1 )  
Ideally, q= 0, so u(t) = 0, and the only waveform to 
contend with is r(t). The spectrum of r(t) can be determined 
by multiplying the input wave r(t) by a switching function: 
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1 
+q 
0 
q 0 1-q 1 
Figure 13.1. Transfer Characteristic for Class B Amplifier. 
r(t) = v(t) [SSn_v^LjU=-] (13.2) 
_ fsgnQo t + m(t)] + il 
= E(t) sin[w^t + co(t)l < — I (13.3) 
= E(t) sin tl; (13.4) 
= E(t ) (sin il;) • ^(^ + sin %); -i- ^ sin 3$ + ...)(13,5) 
= E(t) sin $ + -^(cos 0 - cos 2^) 
+ - •|(cos 2l(T - COS 4$) + ...1 (13.6) 
= E(t) I sin iD + .^^ 3 sin 2iU 
+ + . ..] (13.7) 
= ^ E(t) sin[w^t + CD(t)l 
CO 
+ ^ E(t) § - S cos[2kw^t + 2kcp(t)lj' . 
k=0 (13.8) 
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- vft) 
r(t) 
uCt) _ 
+q 
O 
O 
Figure 13,2, Waveforms in a Class B Amplifier. 
"^JTien unmodulated (E = constant, çp = 0), r(t) consists of 
the carrier frequency, DC, and even harmonics. When r(t) is 
an amplitude-modulated signal, 
E(t) = x(t) (13.9) 
and CO<t) = 0 , (13.10) 
so r(t) becomes simply a series of amplitude-modulated harmon­
ics. A simulation of this is shown in Figure 13.3. 
However, for DSB/SC signals (or SSB 2-tone), 
rp(t) = 0 or IT . (13.11) 
For the even harmonics, a phase shift of Zkir produces no po­
larity reversal. Hence the harmonic and DC component are mod-
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ulated by E(t), which is not bandlirnited, A simulation is 
shown in Figure 13.4. For SSB, the situation is more compli­
cated, but non-bandlimited modulation of the DC component and 
harmonics occurs as with DSB/SC. 
Actual class B amplifiers have a small but non-zero qui­
escent voltage or current. Any exact analysis of the spectrum 
of u(t) is very difficult, and doubtfully warranted, since op­
eration is not exactly linear in this region. However, for 
small values of q, cutoff occurs almost instantaneously, prod­
ucing a square wave 
u(t) = -ql - sqn v(t) (13.12) 
1 - s[(i) t + CD(t)] 
= -q ^2 ' (13.13) 
This is analagous to the effects of non-zero saturation volt- • 
age in a class D RF amplifier (Chapter V), and produces phase-
modulated odd harmonics of the carrier, (In the case of AM, 
there is no phase modulation, so the only effects are variation 
of the carrier level and introduction of odd harmonics of the 
carrier. A simulation with q = 0.01 (Figure 13.5) shows this 
to be valid. For q = 0,1 (Figure 13,6), the square wave as­
sumption is no longer valid, although IMD around the carrier 
and odd harmonics are still apparent. 
It is interesting to note that the class B amplifier has 
spurious products analogous to both voltage error (monopolar) 
and saturation voltage products in the class D RF amplifier. 
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Figure 13,4, Spectrum of a Class B Amplifier, 
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However, class B is the most commonly used linear RF amplifi­
er, Large values of q are not uncommon; in the popular 6146 
tetrode, a quiescent current of 25 m7\ is recommended, with a 
peak current of 150 which is a normalized q = 0.167. 
B. Conventional Pulse Width Modulation 
The spectra (before filtering) of a class AD or BD ampli­
fier (see Chapter II) is determined in essentially the same 
way as for the class D RF amplifier. The pulse width varies 
such that 
| y | =  irf [q + v( e  )]| , (13.14) 
where q determines the quiescent width. The pulse train gen­
erated can be characterized as a monopolar pulse train of fre­
quency fg, with constant phase, whose width varies as the mag­
nitude of y, and whose polarity depends on the polarity of y: 
w(t) = f^(w^t, ly|, cOg) sgn(y) (13.15) 
Note that in the class AD amplifier, q and x are restricted so 
that y is never negative. 
The value of cp^ is relatively unimportant, since it 
merely phase shifts the whole pulse train and otherwise has no 
effect on the spectrum generated. Expanding (13.15), 
00 
w(0) = + ;^ Z ^ cos (nw t-ncD_ ) ] sgn y 
TT Ti XI o o 
n=l (13.16) 
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oo 
= ^ I y I sgn y + ^ Z ~ cos(nw^t-nco) (13.17) 
n=l 
In any case, 
|y| sgn y = y = -rrCq + v( 0 ) ] , (13.18) 
which includes the desired output v(0) and possibly a DC com­
ponent, which may be removed by the output filter. 
Spurious products arise from inherent modulation of the 
switching frequency and its harmonics; 
= sin klyl sgn y = sin ky (13.19) 
= sin kTTq cos kTrv(t) + cos kirq sin (t) ; 
(13.20) 
is not generally bandlimited. The spectrum of can be 
described in terms of Bessel functions (25). Let 
v(t) = b sin 0^ (13,21) 
Then 00 
cos(k'TTb sin 0^) = ^^(kTTb) + 211 J2j^(k'rTb) cos 2n0^ (13.22) 
n=l 
and CO 
sin(kTrb sin 0^) = 2S sin(2n-l)Ô^ . (13.23) 
n=l 
Thus 00 
Zj^(t) = sin k-rrq [jQ(k'rTb) + 2S J2j^(kTrb) cos 2n0^] 
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3f^2f : I .1 a 
(a) PWM, any q 
(b) Class AT), q = 
3f 
(c) Class BD 
Figure 2.3,7. Spectrum of Conventional PWM, 
CO 
-3- cos Xirq [22 J'2^_2 (kirb) sin(2n-l)0^] , 
n=l (13,24) 
Figure 13,7 illustrates the type of spectrum generated. 
For a class AD amplifier, to get maximum output, 
b = q  =  " ^ ,  ( 1 3 . 2 5 )  
This particular value of q eliminates some of the distortion 
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products while maximizing others ; 
k odd 
sin kirq =<{ (13,25) 
0 , k even 
0 , k odd 
cos k-rrq (13.27) 
(-1)^"^^, k odd . 
Similarly, for class BD, 
q = 0 (13.28) 
and b = 1 . (13.29) 
In this case, 
sin k-rrq =0 (13.30) 
and cos k-nq = 1 , (13.31) 
A simulation of the class AD amplifier is shown in Figure 13,8. 
When modulation is introduced, 
v(t) = x(t) sin w^t , (13,32) 
and b is replaced with x(t) in (13.24), This secondary modu­
lation is characterized by J^[x(t)]. It should be possible, 
with some difficulty, to develop a Fourier series for J^(sin 
0); however, it is beyond the scope of this dissertation. 
Simulations (Figures 13.9, 13.10, and 13.11) show that this 
secondary modulation dies away fairly rapidly (note that in 
actual amplifiers, an a larger than used in the simulation is 
probable, so decay would be faster than in the simulation. 
Careful choice of g = f^/f^ can prevent stronger spurious 
products from falling on or near the desired output frequency. 
Note that in Figure 13,12 spurious products near f^ are actu-
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Figure 13,9, Spectrum of a Class AD Amplifier, 
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Figure 13.10. Spectrum of a Class AD Amplifier. 
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ally reduced, even though is lower. It is not possible, 
however, to prevent all spurious products from being near f 
c # 
If this were attempted (for either class AD or BD), it would 
be necessary to prevent modulation of even harmonics of f^ 
from falling at f^: 
2kgf^ - (2i - l)f^ / f^ (13.33) 
2kp / 2i (13.34) 
P ^ (13.35) 
Whereas it is certainly possible to choose $ not equal 
to any particular ratio of integers, it is not possible to a-
void all such ratios. It should be possible, however to 
choose 0 to reduce the spurious products near f^. 
Further distortions can arise from quiescent voltage 
error, non-zero saturation voltage, (BD only) and pulse-timing 
errors. Some general ideas about the nature of these may be 
obtained, but due to the complexity and number of combinations 
of parameters, these ideas are fairly non-specific. 
Suppose that q differs from its exact value.by 6q. Then 
sin kTT(q + ôq) = cos ôq sin kirq + sin 6q cos kTrq(l3.36) 
« sin kirq + knôq cos k-rrq . (13,37) 
Similarly 
cos k'TT(q + 6q) « cos kirq - k-rrôq din kirq . (13.38) 
If 3 has been chosen to minimize spurious products near f^» ôq 
can introduce products which were zero with the correct value 
of q. A simulation with ôq= 0.1 (q = 0.4) is shown in Figure 
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13.13; note the introduction of a signal at f = 15. 
Non-zero s a titration voltage has approximately the same 
effect as in the class D RF amplifier; it produces a square 
wave at f^. VJhen a DSB/SC or SSB signal is generated, phase 
modulation of the square wave occurs, generating the same kind 
of IMD as before. 
There are two philosophies which might be used. One 
would spread the spurious products, keeping those near the 
carrier small. The other would fix 3 as some ratio of small 
integers (5, 9/4, etc.), so that spurious products would occur 
1 3 
only on multiples of a specified frequency (e. g. gf^, f^, gf^, 
etc.). With this method, secondary modulation products of 
spurious products not at f should die away rapidly, leaving 
only an IMD effect. Finding means of choosing $ for either 
philosophy would make an interesting study. 
To analyze the effects of pulse bias (or rise/fall), a 
distortion waveform u(t) is added, as for class D RF amplifier 
(Figure 13.14). 
Consider first only the pulse associated with in a 
class AD amplifier: 
n=l (13.39) 
As before, for small 
• sin 
n 
(13.40) 
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Figure 13.13. Spectrum of a Class AD Amplifier. 
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cos I nWgt - n['rT - (y + ~ cos [nw^t - nir + ny)] 
(13.41) 
f-i 
= ~2 — [cos ny cos nw^t - sin ny sin noj^t] (13.42) 
The process for t) is similar, and the combined result is 
Ug_^(t) = "2/ + u ^  (-1)" [(^"1+^2) cos nlyl cos nWgt 
• n=l 
t I 
+ (-Tj^+'T^) sin nlyl sin W^tJ (13.43) 
Although there is no IMD generated at f^, both cos ny and sin 
ny are reducible to a set of Bessel functions, and may cause 
spurious products to appear where the choice of q should have 
surpressed them. A simulation of a class AD amplifier with a 
pulse bias error of 10% is shown in Figure 13.15. 
For class BD, the situation is more complicated. An ex­
pression similar to (13.43) can be developed for the negative 
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Figure 13.15. Spectrum of a Class AD Amplifier. 
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pulses. Assuming y is always negative, 
00 
^ ^ ^  (-1)^ [('^3+'^) cos nlyl cos nw^t 
n=l 
+ (-T^+T^) sin nlyl sin nw^t] , (13.44) 
The last two equations can be combined to produce 
«^ (t) = + u^ _(t)(i=SalLvXtl) .(13.45) 
This results in the addition of further spurious products due 
to phase shifting. Martin (15) claims that this spreads (flat­
tens) the spectrum and is therefore more useful for an audio 
amplifier. However, the usefulness of this effect in an RF 
amplifier is doubtful. 
Based on the above theory and the simulations performed, 
it appears that classes AD and BD would generate little II-ID, 
but would have much stronger spurious product scattered 
throughout the RF spectrum, which would make broadband opera­
tion difficult. 
C. Other Amplifiers 
Spurious products generated-by amplitude modulation of a 
class C or constant carrier class D amplifier are essentially 
those produced by the modulator. However, if the shape of the 
transistor waveforms changes as a function of modulation, other 
spurious signals can be generated. 
If Kahn*s method of generating SSB is used, with external 
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envelops amplification; harmonics of the carrier "will have the 
form E(t) sin + cp( 0 )] , and will presumably generate the 
same kind of product as if width and phase modulation of a 
class D RF amplifier had been used. 
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XIV. APPENDIX II: PROTOTYPE 
A prototype amplitude-modulated transmitter employing 
class D HP amplification was built to "illustrate the princi­
ples of operation. 
This transmitter used a carrier frequency of 125 kHz. 
The rather low frequency for an RF carrier was chosen because 
of the limitations of the author's oscilloscope and power sup­
plies. Had lower-voltage/higher-current power been available, 
and an oscilloscope with a smaller rise time, it should have 
been possible to operate at 1 mHz with the transistors used. 
The limitation to AM, rather than DSB/SC or SSB was made to 
simplify the circuitry. 
The circuitry follows the block diagram of an AM trans­
mitter given in Figure 3.4, The prototype requires both +12 
and -12 Volts input power. Transistor voltage regulators (Q1 
- Q4) provide additional voltages of ±3.3 and +10 Volts. A 
125 kHz sine wave of approximately 5 V p-p is supplied by the 
oscillator. The audio amplifier provides a high input imped­
ance and voltage gain for demonstrating the amplifier; it can 
be bypassed for measurements. 
Transistors Q9 and QIC, and the associated circuitry, 
allow an adjustable delay to provide for unequal delays in the 
two signal paths in the transmitter. Transformer T2 inverts 
the signal, which is rectified by diodes D5 - D8, to form the 
reference wave (which is negative). The reference wave is 
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added to the audio signal and an adjustable bias (carrier lev­
el). This sum is applied to a clipping circuit to form pulses 
whenever the sum is greater than zero. 
The outputt of the oscillator is applied to a clipping 
circuit to produce a square wave with frequency of 125 kHz, 
The square wave and the comparator output are applied to an 
AND circuit (Q20, actually NAND), which provides a pulse when 
the output shoTJild be positive. A similar circuit generates 
pulses when the output should be negative. 
Each of tiie four output transistors acts as a voltage 
amplifier, and i.s driven by one other transistor. The drive 
to the grounding transistors Q29 and Q30 can be switched to 
provide monopolar or bipolar operation. The output pulse 
waveform is switched between +10, 0, and -10 Volts, The load 
impedance is 50» H. The output tuning coil, 13, consists of 
250 turns on a 2,5 cm, form. Maximum output power is 1,62 
Watts. 
Some observations of the transmitter were made using a 
Tektronix 564 oscilloscope (10 mHz). A photograph of the 
pulse train ancî filtered output are shown in Figure 14,7, The 
efficiency, determined by comparing the actual output voltage 
with the ideal output voltage for a 9,5 V power supply, was 
only approximately 75%, However, saturation voltage was rel­
atively large (1.5 V during grounding, 0,5 V for + or -), and 
the rise time c = 0,1 • 2?T. 
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Modulation characteristics were satisfactoryj- however. 
The envelope for 90% amplitude modulation is shown in Figure.. 
14,8. The modulator in this type of amplifier is quite broad-
banded, and works as well at 10 kHz as at 1 kHz. The spectrum 
of the pulse waveform for 10 l<Hz 90% modulation is shown in 
Figure 14.9. The concentration of spurious products near the 
third and fifth harmonics of the carrier can be observed. As­
suming that the sidebands are 6 dB below the carrier, the lev­
el of the strongest IMD product outside of the desired band­
width is approximately -27 dB from the sidebands." Rapid decay 
of IMD and presence of small even harmonics (due to pulse as-
symetry) can also be observed. Figure 14.10 shows the inclu­
sion of even harmonics when monopolar PI-JM is used. 
It should be remembered that the purpose of this proto­
type was to illustrate qualitatively thé m&tliod of class D RF 
amplification (or generation). It is neither exemplary of ef­
ficiencies that are possible, nor of linearity which is possi­
ble. Presumably, with more time, better components, and espe­
cially better test equipment, a much better model could be 
built. 
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Figure 14.7. Pulse Train and Output Waveform, 
Figure 14.8. Envelope. 
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Figure 14,10. Spectrum of Monopolar PWM. 
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XV. APPENDIX III; SII<1ULATI0N 
Digital computer simulations of classes B, AD, BD, and 
D-jRF amplifiers were performed. To minimize programming ef-r 
fort, the programs were constructed in several subroutines, 
several of which were common to each program. The main pro­
gram, of which only the version for the class D RF amplifier 
is included (there are only minor changes in the others), 
serves the functions of reading parameters, writing some in­
formation not written by the subroutines, and calling subrou­
tines in the appropriate order. Only a small amount of tri­
vial computation is done in the main program. Subroutine 
GRAPH refers to the simplotter at the ISU compution center, 
which provides a quick graph of the data. 
In order to avoid the use of numerical integration, 
which is either very expensive or inaccurate, all waveforms 
are defined on the interval 
0 < 0 < 2tt . (15.1) 
Since there is no memory in the amplifiers, products generated 
must be harmonics of this basic frequency. For this reason, 
carrier and switching frequencies are specified as integers. 
All programs and subroutines were designed for use with the 
WATFIV compiler. 
The first subroutine called is WAVNRM, This is used 
primarily for adjusting the peak of a given waveform so that 
overmodulation does not occur. This is achieved by generating 
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the •waveform x,^(0) and accumulating the maximum value. The 
original unnorma1ized Fourier coefficients (AXU0, AXU(N), BXU 
(N)) are then multiplied by a constant to produce the normal-
lized coefficients (AXgf, AX(N), BX(N)). A second function of 
WAWRM is to procuce Fourier coefficients of the in-phase and 
quadrature modulating functions Xp(8) and x^Cô), which are 
used for SSB waveforms. 
The second subroutine, WAVGEN, furnished values of the 
modulated signal 
v(e) = E(0) sin[fç,0 t CP(0)1 +. q , (15.2) 
as well as E( 6 ) and cp( 0 ) , when furnished with a value of 0. 
It is not called by the main program, but is called by the am­
plifier subroutine as needed. 
Each amplifier subroutine determines an array of pulse 
transition tinr^es (PSI), and associated arrays for waveform 
type (MODE) and amplitude (WPl). The maximum number of tran­
sitions, la-mx, is also specified. The different MODEs'which 
are possible are: 
MODE = 0 » used to skip calculations for that interval 
MODE = 1 » used for linear amplification. 
MODE = 2 » used for a constant value on the interval. 
MODE = 3 f used for linear rise (or fall), and 
MODE = 4 f used for exponential rise or fall. 
A diagramatic description of these is given in Figure 15.1. 
Subroutine PLSDST elongates or shorten pulses (MODE = 2), 
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Figure 15,1, Arrays Used in Simulation. 
and adds rise or fall times to them. Either linear or expo­
nential characteristics can be used by changing the value of 
MODERF. The distorted waveform is specified by arrays PSID, 
• MODED, WPID, J\ND WP2D. The additional parameter, WP2D(N) in­
dicates the nature of a rise or fall (WP2D = 1 for rise from 0 
to 1, = 2 for fall from 1 to 0, etc.). A "null version" of 
PLSDST is used when no distortion is to be introduced. Basi­
cally it copies the undistorted arrays into the distorted ar­
rays, but it has the additional feature of changing MODE to 0 
(skip) when MPI (amplitude) is zero; this results in a saving 
in time computing the Fourier coefficients. The constants ^ 
and used in the exponential rise/fall are defined in Figure 
15.2. 
Fourier coefficients are computed by subroutine FTRANS, 
For each transition, FTRANS goes to the appropriate point in 
the program and calculates up to 200 coefficients. Programing 
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simplicity was obtained by the use of functions CINT, S INT, 
RCINT, RSINT, ECINT, and ESINT, which perform operations such 
$2 
RCINT(m, , ilu) = S r( e )  cos m8 d8 . (15.3) 
Upon completion of calculations, PTRANS prints out a table of 
the coefficients. AW(N) and BW(N) correspond to the cosinu-
soidal and sinusoidal Fourier coefficients a,,_ and b re-
wn wn 
spectively. CW(N) and CSQI'7(N) correspond to absolute voltage 
and power coefficients, defined by 
CSQW(N) = c=„ = + b5„ . (15.4) 
Subroutine CIDAMP determines pulse transitions for a 
class D RF amplifier with double sideband or AM signals. 
Since the phase of these signals is fixed (excepting shifts of 
IT, which amounts to polarity reversals, one transition must 
occur in each interval of 2Tr/4f^. Tlie value of E(0) at the 
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center of the interval is used as a starting point (Figure 15.3 
(a)). The point of intersection with the reference signal is 
then estimated by using the inverse sine relationship between 
E(0) and r(0). Using the new value of 0 just determined, a new 
E(0) is determined, and the process is repeated. Seven itera­
tions seems to be suff^Lcient to produce as much accuracy as is 
possible using single-precision (REAL'^4) numbers. Figure 15,4 
shows the spectrum calculated for a pure carrier (square wave). 
All computer errors are seen to be below 10""^, approximately 
110 dE below the carrier, 
A second version of CLDAMP was devised for SSB signals. 
Since the phase of an SSB signal is not fixed, there is no 
certain interval in which one and only one transition is guar­
anteed. The program thus must take many small steps, checking 
each time whether r(6) and E(0) have crossed. tJhen a transi­
tion is found (Figure 15.3(b)) an iteration procedure is ini­
tiated. A "brute-force" technique is employed, whereby the 
interval in which the transition occurs is halved, the values 
EfOg) and r(02) checked at the middle point, and the half of 
the interval not containing the crossing discarded. Though a 
crude technique, it avoids some problems with linear inter­
polation which select a point outside the original interval. 
Approximately 15 iterations are required to achieve maximum 
accuracy. This program has two problems, however, ï-fhen r(0) 
is small, and E(0) is also small, it was possible to step over 
both transitions occurring near r = 0, This problem was elim-
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inated by reducing the step size when both r and E are small. 
The second problem is similar, and occurs when r and E are 
large and nearly tangential. This could be eliminated in the 
same way, but doing so increases the computation time from 2 
-3 
seconds to 20, Pulse errors on the order of 10 . can 
occur, which cause spectral errors on the order of 5 • lO"'^. 
PI'JMANP searches for one transistion in every interval of 
2Tr/2fg, and uses linear interpolation (Figure 15.3(c)). Ap­
proximately 10 iterations are required. Note that no inform­
ation is required (other than q) to change from class AD to 
class BD. 
CLBAMP uses small steps, as does the 3SB version of 
CLDAMP, and can suffer from the problem of stepping over a 
small pulse, although this was not encountered in any of the 
simulations performed using it. Linear interpolation is used 
(Figure 15.3(d)), and 5 steps is sufficient. 
A listing of the one main program and subroutines fol­
lows s 
C AMPLIFIER SIMULATION PROGRAMS ******* 
$JOB 
C FOURIER SERIES FOR WIDTH-MODULATED CLASS D RF AMPLIFIER. 
INTEGER*^ ALC,SBtTYPE,FCîWP2D(400) 
DIMENSION' AXUC10) , BXU{ 10) •AX(10),BX{10),CX(10),CSQX(10), 
1 AXP(10),BXP(IO),AXO(IO)tBXO(10), 
2 P SI (200) T MODE (200) » WPl ( 200 ), WP2 ( 200 ), AW ( 200 ),=?,«/( 200 ) , 
3 CW(200), CSQW<200), PSID(400), MOOED(400) , WPIDC 400), 
4 XLABC5Ï, YLAB{5), GLAB(5), DATLAB(5), X(2005, Y(200) 
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COMMON/NRM/ AXUO, AXU, BXU 
COMMON/WAVl/ Q, AXO, AXPt BXP, AXQ, BXQ 
COMMON/WAV2/ FC, NMAX 
COMMON/AMPI/ PSI, MODE, WPlt WP2 
C0MM0N/AMP2/ FS, TYPE 
COMMON/FTRl/ MMIN, MMAX, AWO, AW, BW, CW, CSQW 
COMMON/DSTl/ TAUl , TAU2 , TAU3 , TAU4 , TAU5 , TAU6 , TALJ7, TALIS , 
1 ZETA,GAMMA5,GAMMA6,GAMMA7,GAMMAS 
C0MM0N/DST2/ PSID, MODED, WPID, WP2D 
0 = 0 .  0  
10  
READ(5,1) NMAX, SB, AXUO 
DO 10 N=1, NMAX 
2 F0RMAT(2G10.4) 
READ{5,2) AXU(N) ,BXU(N!) 
READ{5,3) FC, TYPE 
READ{Î5»5) Al.C, EMAX 
READ(5,6) MMIN, MMAX 
READ(5,8) TTMAX 
1 
S 
9 
LI 
READ(5,B) MDOERF 
READ(5,9) TAU1,TAU2tTALJ3,TAU4 
READ(5,9) TAU5,ïAUô,TAJ7,TAU8 
READ(5,11) ZETA, GAMMAS,GAMMA6,GAMMA7,GAMMAS 
READ(5,90) XLAB,YLAB,GLAB,DATLAB 
J. F0RMAT(2I10, G10.4) 
3 F0RMAT(2110) 
5 FORMAT; 110,G10.4) 
' F0RMAT(2I10) 
FORMAT{110} 
FORM.AT{4G10»4) 
i.i FORMAT( 5G10.41 
90 FORMAT(20A4) 
WRITE(6,20) 
20 FORMAT! '115X, • WIDTH MODULATED CLASS D RF AMPLIFIER', 
1  / / )  
IMAX=4»NMAX»FC 
CALL WAVNRM(ALC,SB,NMAX,IMAX,EMAX) 
CALL CLDAMP(ITMAX, KMAX) 
CALL PLSDSTIMODERF, KMAX, KMAXD) 
WRI TE(6,31) 
31 FORMAT(' J«,7X,«PSI',7X,'MODE',8X,'WPl',15X,'J',5X, 
1 «PSIDS7X, 'MDDED' , 5X, 'WPID® ,9X, ' WP2D' ,/) 
DO 33 J=l, KMAX 
32 FORMAT(• •,I4,2X,G10.4,2X,I5,3X,G10.4,12X,I4,2X,G10.4, 
1 2X,I5,3X,G10.4,5X,Î5) 
33 WRITE(6,32) J,PS I(J),MODE(J),WPlCJ) , J,PS IDtJ) , MODED ( J) , 
1 WPID(J), WP2DCJ) 
KMAXP=KMAX+1 
DO 43 J=KMAXP, KMAXD 
F0RMAT(49X,I4,2X,G10.4,2X,I5,3X,G10.4,5X,I5) 
WRITE(6,42) J,PSID(J),M0DED(J),WPID(J),WP2D(J) 
CALL FTRANSfKMAXD) 
42 
43 
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'JJ = MMIN-1 
LMAX=MIN0(200,MMAX-JJ) 
NPTS=LMAX+1 
XMIN=1.0*MMIN-1.0 
XSIZE=0.1*NPTS 
DO 100 L=lf LM6X 
M = L + J J  
X(L)=M*1.0 
YlL)=-6.0 
IF<CW(L).GT.O.lE-05) Y{L)=AL0G10(CW(L)) 
100 CONTINUE 
CALL GRAPH(NPTS,XtYV13,7,XSIZE»-7.0,10.0,XMIN,7C0t-6 
1 XLAB,YLAB,GLAB,DATLAB) 
STOP; END 
SUBROUTINE WAVNRM(ALC» SB,NMAX» I MAX,EMAXJ 
INTEGER-4 ALC, SB 
DIMENSION AXU(IO)»BXU{10),AXPU{10),BXPUI 10> tAXQU(10) 
1 BXQU{10> tAXCIO),BX(10)TCX(10} ,CSQX(10) tAXP(IO)t 
2 BXPdO) tAXOdO) ,BX0(10) 
COMMON/NRM/ AXUOt AXUt BXU 
COMMON/WAVl/ Q» AXO, AXP, BXP, AX3, BXQ 
IF(SB.NE.O) GO TO 9 
DO 1 N=l, N.MAX 
AXPUÎN)=0.0 
BXPU(N)=0.0 
AXCrU(N)=AXU{N) 
BXQU( N)~BXU( N ) -
1 CONTINUE 
9 CONTINUE 
IF((SB.E0.3).OR.(SB.EO.4)) GO TO 20 
L=1 
IF(SB.EQ.l) L=-l 
ÂXU0=0.5*AXU0 
DO 10 N=l, NMAX 
AXPU(N)=0.5*BXU(N) 
BXPUlN)=-0.5*AXU(N) 
AXQU(N* = 0.5*L*AXU(N) 
BXQU(N)=0.5*L*BXU(N) 
10 CONTINUE 
GO TO 40 
20 CONTINUE 
DO 30 N=lt NMAX 
AXPU(N)=AXU(N) 
BXPU(N)=BXU{N) 
AXQU(N)=0.0 
BXQU{N)=0.0 
30 CONTINUE 
40 CONTINUE 
RATI0=1.0 
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IF(ALC.EO.O) GO TO 70 
EUMAX=0.0 
XPUO=AXUO 
x o u o = o . o  
IF(SB.NE.4) GO TO 41 
x p u o = o . o  
XQUO=O.Q 
41 CONTINUE 
DO 60 1 = 1, I MAX 
XPU=XPUO 
XQU=XQUO 
THETA=6. 2831S52-M/IMAX 
DO 50 N=l, NM&X 
ARG = N'fTHETA 
COSARG=COS(ARGl 
SIN&RG=SIN(ARG) 
XPU = XPU + AXPU (y-j) *C05ARG + BXPU(N) *SINARG 
XQU=XQU4-&XQU(N) *COS ARG+BXQU ( N ) *SINARG 
50 CONTINUE 
EU = SQRT (XPU*:i^2 + XQU**2) 
IF(EU.GT.EUMA>v) EUMAX=EU 
60 CONTINUE 
RATIO=EMAX/EU^'IAX 
70 CONTINUE 
IF(SB.EQ«4) GO TO 71 
AXO = AXUO'fRAT10 
GO TO 72 
71 CONTINUE 
AXO=AXUO 
72 CONTINUE 
CSQXO=AXO**2 
CXO=SQRT(CSQXO) 
PX=CSQXO 
DO 80 N=l» NKAX 
AX(N)=AXU(N)='-RATIO 
BX(N J = BXU C N)*RAT10 
CSQX(N)=AX(N)**2+BX(N)**2 
CX(N)=SQRT(CSQX(N)) 
PX=PX+0.5-CSQX(NJ 
AXP ( N ) = AXPU {r-! ) -R AT I • 
BXP(N)=BXPU(N3*RATI0 
AXQ(N1=AXQU(K5-RATI0 
BXQ(N)=5XQU{N3^RATIO 
80 CONTINUE 
IF(ALC.EQ.O) WRTTE{6,90) 
90 FORMAT (/., ' WAVEFORM NOT NORMALIZED. ' , /) 
IF(ALC.EO.l) WRITE(5,91)IMAX, EMAX 
91 FORMAT{/,* WAVEFORM NORMALIZED WITH «,14,* POINTS TO •, 
1 'PEAK AT', GIO.4,*.',/) 
WRITE(6,92) RATIO, PX 
92 FORMATC NORMALIZATION RATIO = •,SIO.4,5X,•PX = *, 
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1  G 1 0 . 4 t / Î  
IF(SBoE0,0) WRITE(6îl00) 
100 FORMAT(^ BASEBAND*t/) 
Î F ( S e . E O -l) W R I T E ( 6 T1 0 1 )  
1 0 1  F O R M A T t (  L O W E R  S I D E B A N D ' , / )  
I F ( S B . E 0 . 2 )  W R I T E { 6 , 1 0 2 )  
102 FORMAT!* UPPER SIDEBAND'»/) 
I F ( S B . E Q « 3 )  W R I T E ( 6 , 1 0 3 )  
103 FORMAT(« DOUBLE SIDEBAND',/) 
I F ( S B . E Q . 4 1  W R I T E l 6 , 1 0 4 )  
1 0 4  F O R M A T ( *  A M P L I T U D E  M O D U L A T I O N ' , / )  
WRITE(6,110) 
HO FORMAT ( ' FOURIER COEFFICIENTS OF XU AMD X',/) 
WRITE{6,120) 
120 FORMAT ( ' N' , 8X, • AXU ( N) ' 111X , • BX'J ( N ) ' , HX , • AX ( N) * , 12X, 
1 »BX(N1*,12X,'CX(N)',11X,«CSQX{N)',/) 
WRITE{6jl30} AXUOt AXO, CXO, CSQXO 
130 FORMATA' 0»tG17.8,17X,G17.8,17X,2G17. 8) 
0 0  1 5 0  N = 1 t  N M A X  
14 0 FORMATC « , 14,6617. 8) 
1 5 0  W R r T E ( 6 . 1 4 0 )  N t A X U ( N ) , B X U ( N ) , A X ( N ) , B X ( N )  ,  C X { N )  , C S O X ( M )  
R E T U R N ;  E N D  
S U B R O U T I N E  W A V G E N C T H E T A t V t E , P H I )  
T N T E G E R * 4  F C  
D I M E N S I O N  A X P ( I O ) , B X P ( 1 0 ) , A X O ( 1 0 ) , 6 X 0 ( 1 0 )  
COMMON/WAVl/ Q T AXO, A X P ,  B X P ,  A X Q ,  B X Q  
COMMON/WAV2/ FC, NMAX 
TH,ETAC-FC*THETA 
XPfeAXO 
XQ=0,0 
DO 10 N=I, NMAX 
ARG=N*THETA 
C0SARG=C0S(ARGÎ 
SINARG=SIN(ARG) 
XP=XP+AXP(N)*COSARG+BXP{N)*SINARG 
XQ=XQ+AXQ (N ) *C0SARG + BX3 ( N ) =^SI NARG 
10 CONTINUE 
V=XP*SIN(THETAC)+XQ*C0S(THETAC)+Q 
E=SQRT(XP**2+XQ**2) 
IF((XP.EQ.O.O).AND.(XQ.EQ.0.0)î GO TO 20 
PHI=ATAN2(XQ,XP) 
GO TO 30 
20 CONTINUE 
PHI=0.0 
30 CONTINUE 
RETURN; END 
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SUBROUTINE CLDAMP(ITMAX» KMAX) 
DSB/AM VERSION 
INTEGER*^ FCt TYPE, WP2(200> 
DIMENSION PSI(200), M0DE(200), WP1(200) 
COMMON/AMPl/ PSIt MODE, WPl, WP2 
COMMON/AMP2/ FS* TYPE 
C0KM0N/V'AV2/ FCT NMAX 
Di=0.7853981/FC 
D2=l.5707963/FC 
JMAX='^*FC-1 
00 40 J=li JMAX, 2 
THETA0=J^D2 
THETAl=THrTAO-Dl 
THETA2=THETA0+D1 
DO 20 L=I. , ITMAX 
CALL WAVGENCTHETAl,VI,El,PHI 1) 
CALL WAVGEN(THETA2,V2,E2t PHI2) 
YI=ARSIN«E1)/FC 
Y2-ARSIN£F2)/FC 
THETA1=THETA0-Y1 
THETA2=THETA0+Y2 
20 CONTINUE 
CALL WAVGEMCTHETAO,VO,EOfPHIO) 
PSI[J)=THETA1 
JP = J-H 
PSI(JP)=THETA2 
WP1(J)= SGN(VO) 
IF( (TYPE. EQ.l ) .AND. ( WPK J ) . EQ.-l . 0 ) ) WPK J ) = 0. 0 
WP1(JP)=0.0 
M0DElJ)-2 
MODE(JP)=2 
40 CONTINUE 
KMAX=JMAX+2 
PSI(KMAX5=PSI(1) + 6.2831852 
WRITE (6,5-9 ) FC 
59 FORMAT!/,,* FC = * , 14,/ ) 
IF(TYPE.EQ.l) WRITE(6,61) 
IFCTYPE.EQ.2) WRITE(6,62) 
61 FORMATS' MONOPOLAR PULSE TRAIN',/) 
62 FORMAT(» BIPOLAR PULSE TRAIN',/) 
WRITE(6,70) ITMAX 
70 FORMATC NATURAL SAMPLING USING ',12,' STEP ITERATION 
RETURN; E'ND 
SUBROUTINE PLSDST(MODERF, JMAX, KMAX) 
INTEGER*4 WP2DC400) 
DIMENSIOhg PSI(200), MODE (200) , WPK 200) , 
1 PSI0(400), M0DED(400), WP1D(400), WP2(200) 
COMMON/DSTl/ TAU1,TAU2,TAU3,TAU4fTAU5,TAU6,TAU7,TAU8, 
1 ZETA,GAWMA5,GAMMA6,GAMMA7,GAMMAS 
199 
C0MM0N/DST2/ PSï Dr MODED,WPID,WP2D 
COMMON/AMPl/ PSItMODE»WPl,WP2 
K=1 
JMAXM=JMAX-1 
DO 50 J=l, JMAXM 
JM=J-1 
IFIJM.EQ.O) JM = JMAXM 
JP=J+1 
KM=K-1 
KP=K+1 
IF(WP1( JM) .EQ.WPlt jn GO TO 49 
IF((WPl(JM).EO. 0.0).AND.{WPl{J).EQ. 1.0)) GO TO 10 
ÎF( (WPK JM) .EQ. 1.0) .AND. (WPKJ) .EQ. 0.0)) GO TO 20 
IF((WPl(JM).EG. 0.0).AND.(WPKJ).EQ.-1.0)) GO TO 30 
IF( (WPl(JM) .E0.-1,0) .AND.(W'P1(J).EQ. 0.0)) GO TO 40 
PSID(K)=PSI{J) 
MODED(K)=MODE(J) 
WP1D(K)=WP1(J) 
WP2D(K)=0 
GO TO 49 
10 CONTINUE 
PSID[K)=PSI(J)-TAU1 
MODEO(K)=MODERF 
WP2D(K)---1 
PSI0(KP1=AMIN1(PSI(JP)T PSID{K)+TAU5) 
H0DEDCKP)=2 
WP1D(KP)=1.0 
K-K+2 
GO TO 49 
20 CONTINUE 
PSI0(K)=AMIN1(PSI(J)+TAU2,PSI(JP)) 
MO0ED(K)=MODERF 
WP201K)=2 
PSIOCKP)=PSIDXK)+TAU6 
M0DED(KP)=0 
WP1D(KP)=0.0 
K = K+2 
GO TO 49 
30 CONTINUE 
PSID(K)=PSÎ{J)-TAU3 
MODED(K)=MODERF 
WP2D(K)=3 
PS1D{KP) = AMIN.1{PSI{ JP) tPSID{K)+TAU7) 
M0DED(KP)=2 
WP1D(KP>=-1.0 
K=K+2 
GO TO 49 
40 CONTINUE 
PSI0(K)=AMIN1(PSI(J)+TAU4, PSI(JP)) 
MODEO(K)=MODERF 
WP2D(K)=4 
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PSID(KPÎ =PSin(K )+T«.U8 
MGDED{KP»=0 
WP1D(KP)=0.0 
K=K + 2 
49 CONTINUE 
50 CONTINUE 
KMAX=K 
PSI D(Kr-'iAX) = PS ID ( 1 >+6.2 831852 
WRITE (6, 60)TAU1, T6U2,T^U3,TAU4t T/\U5T T&U6,TAU7,TAlj9 
60 FORMATt/,' PULSE DISTORTION PARAMETERS :S/j6X» 
1 'BIAS : TAUl = ',Gil.4,' TAU2 = ',511.4, 
2 • TAU3 = ',011.4,• TAU4 = ',S11.4,/,6X,'RISE/F^LL 
3 ' TAU5 = 'tGll.'^^t' TAU6 = ' ,611.4, ' TAJ7 = ' , 
4 Gil.4,' TAU8 = ',G11.4, 
IF(MODERF.E0.3) WRITE(6,63) 
63 FOPMATC LINEAR RISE/FALL SHAPE USED»,/} 
IF(M0DERF,E0.4) WRTTE{5»64) ZETA, GAM\^A5 , SAMMA6 , 
1 GAMMA?, GAMMAS 
64 FORMATC EXPONENTIAL RISE/FALL CHARACTERISTIC USED:', 
1 ' ZETA = ',G12.4,/,6Xt'GAMMA5 = ',512.4,' GAMMAS = 
2 G12.4, ' GAMf/.A? = ',312.4,' GAMMAS = »,G12.4,/) 
RETURN; END 
SUBROUTINE FTRANS(KMAX) 
INTEGEkv4 WP2(^00}t FC 
DIMENSION AW(200), BWC 200),CW(200),CSQW( 200) , 
1 AXPdOl, BXP(IO), AX3 ( 10) , BXOCIO), 
2 AVN'idO), BVM( 10) T AVP{ 101 , BVP(IO), 
3 PSI(400)t MODE (4003 , /IP 1 (400) 
COMHDN/WAVl/ 0, AXO, AXP, BXP, AXO, BX3 
COMMON/OST2/ PSI, MODE, WPl, WP2 
COMMON/FTPl/ MMIN, MMAX, AWD, AW, BW, Cr^, ZSQ^ 
COMMON/WAV2/ FC, NMAX 
COMMDN/DSTl/ TAUl,TAU2,TAU3,TAU4,TAU5,TAJ6,TAU7,TAUS . 
1 ZETA,GAMMAS,GAMy.A6,GAMMA7»GAMMAB 
J=MMIN-1 
LMAX=MINO(200,MMAX-J) 
AWO=0.0 
DO 1 L=l, LMAX 
AW(L)=0.0 
BW(L>=0.0 
1 CONTINUE 
AVO=0.0 
BVO=AXO 
DO 2 N=l, NMAX 
AVM(N)=0.5*{RXP(N)+AXg(N>) 
eVM(M) = 0.5*( AXPÎN')-3Xg{N) ) 
AVP(N)=0.5*(-BXP(N)+AX3(N)) 
BVP(N)=0.5*1AXP;N)-BX0(N)) 
2 CONTINUE 
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KMAXM = KMA.X-1 
DO 90 K=l, KMAXM 
KP=K+1 
IF(HOr)E(K) .EO.O) GO TO 80 
IF{M0DE<K3.EQrl) GO TO 10 
IF(MDDE(K.] ,EQ.2) GO TO 20 
IF<MnOE(K}.E0.3) GO TO 30 
IF(MOOE{K).E0.4) GO TO 40 
WRITE(6,5i K,MODE(K) ,PS I(K) , PS I(KP) 
5  F O R M A T ( «  M 0 D E ( « , I 3 , M  =  S Î 2 » '  U S E D  F O R  « , 5 1 0 . 4 ^  
1  « < PSl < ' , G 1 0 . 4 t *  I S  N O T  D E F I N E D . * : : : * '  ,  /  )  
G O  T O  1 0 0  
10 CONTINUE 
AW0 = AW0 + O*(PSI (KP)-PSI (K) )-lAVO^CI NT ( FC» PS I ( K) , PSI (<P ) ) 
1 +8V0*SINT( FC ,PSIC<) »PSnKP) ) 
DO 11 N=lï N M A X  
AWO = AWO+lAVM(M)*CINT( FC -N,PSUK),PS I(KP)) 
1 -î-BVM(N)*SINT( FC -N , P S Î ( K ) , P S I ( < P ) ) 
2  + A V P ( N ) * C I N T <  F C  + - N ,  P S  I  ( <  )  ,  P S  H  K P  )  )  
3  4 - B V P  { \ ' Î * S I N T (  F C  4 - N t P S n K )  , P S I  ( K P )  )  J ^ ' W P K K )  
1 1  C O N T I N U E  
DO 13 L=lt LMAX 
M=L+J 
AW ( L) =AW { L) +Q*C I NT ( M. PS I (K),PSI(KP))<-0.5*WP1{<)* 
1 { AVO*(ClNT(FC + M,PS I(<),PS I(KP))+CI N T(FC-M,PS I(<), 
2 PSKKP! ) !-î-BVO*{ ?.INT( PSI (K) , PSI ( KP) Î 
3 +SINT{FC-MTPSI(K),PSI(KP) ) ) ) 
BW(L)=BV/{t.l+0*SINT(M,PSI (K),PSI(KP))-»-0.5*WPl(<)* 
1 {AV0*(SIMT(FC+M,PSI{<),PSI(KP))+SINT{F:-M.PSI(K), 
2 PSKKPÏ ) )+BVO*(-CINT(FC + M,PSI(K),PSI(KO))+CINT(FC-M, 
3  P S I ( K )  , P S K K P )  ) )  )  
DO 12 N=l, NMAX 
C I N T M M = C I N T (  F C  - N - M , P S K K )  , P S K K P )  )  
C I N T M P  =  C I N T (  F C  - N  +  M t P S I  ( K )  t P S K K P )  )  
C I N T P M = : C I N T (  F C  + N - M ,  P S  K K )  ,  P S K K P  )  )  
C I N T P P  =  C ]  N T [  F C  + N + M t  P S K K )  , P S K K P )  )  
S I N T M H = S I N T (  F C  - N - M , P S  I ( < ) , P S K K P ) )  
SîNTM, P =SÏNTl F C  - N  +  M , P S K K J  TP S K K P )  )  
SINTPM=SINT( FC +N-M,PSI(K),PSI(KP)) 
S I N T P P  =  S I N T (  F C  t - N + M t  P S K K )  ,  P S K K P )  )  
AW { L ) = AVM'< L J + 0. 5* ( A VM { N ) * ( C IMTMP + C I NTMw ) + 
1 BVM(N1*(SIN'TMP + SINTMM)+-
2 AVP ( NJ) *( C IMTPP + CI NTPMK-
3 BVP(^)*(SIMTPP+SINTPM))*WP1(<) 
BW(L)=BW(L)+0.5*(AVM(N)*(SINTMP-SINTMM)f 
1 BVM-(NI) * ( - r.INTMP + :.TNTMM) <• 
2 AVP(N)*( SINTPP-SINTPM)+ 
3  B V P ( N ) * ( - C I N T P P + C I N T P M ) ) * W P 1 ( K )  
1 2  C O N T I N U E  
1 3  C O N T I N U E  
G O  T O  8 0  
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20 CONTINUE 
AWO=AWO+WPl(K)*(PSnKP)-PSI(Kl ) 
DO 21 L=l, LMAX 
M=L + J 
AW( L) =AW( L)+WP1(K)*C INT ( PSI (K), PSKKP) ) 
BW ( L) =BW { L ) +WP KK)*SI\IT(M,PSI (K) , PSI(<P) ) 
21 CONTINUE 
GO TO 80 
30 CONTINUE 
IF(WP2(K).EO.1) GO TO 31 
IF(WP2(K).EQ.2) GO TO 3 2 
IF(WP2(K).EQ.3) GO TO 33 
IF(WP2tK).EO.^J GO TO 34 
31 CONTINUE 
TAU=TAU5 
C=0. 0 
GO TO 35 
32 CONTINUE 
TAU=-T4U6 
C=^l .0 
GO TO 35 
33 CONTINUE 
TAU=-TAU7 
C — 0 • 0 
GO TO 35 
34 CONTINUE 
TAU=TAU8 
C=-l.0 
35 CONTINUE 
IF( {TAU.EQ.0.0) .ORciPSI (K) .EQ.PSKKP) ) ) GO TO 39 
AW0=AW0 4- RCINT(0, PS K K ) , PS I ( KP ) )/T AU+( C-PS K K )/T A J ) 
1 * CINT(0, PSKK) t PSKKP) ) 
DO 36 L=1t LMAX 
M=L+J 
AW{L)=AW{L5 RCINT'vM, PSKK) , PSKKPÎÎ/TûU 
1 +(C - PSI (K)/TAU)*CINT(M, PSKK), PSKKP) ) 
BW(L)=BW(L) + RSINTCM, PSKK) . PSI (KP) )/TAU 
1 +(C - P.SKK)/TAU)*SI\|T(\1, PSKK), PSKKP)) 
36 CONTINUE 
39 CONTINUE 
GO TO 80 
40 CONTINUE 
IF(WP2(K).  EQ, ,1) GO TO 41 
IF(WP2(K).  EO. ,2) GO TO 42 
IF(WP2(K).  EQ, .3) GO TO 43 
IF(WP2(K). , EQ. 4) GO TO 44 
GO TO 49 
41 CONTINUE 
C1=+ZETA 
C2=-ZETA 
TAU=TAU5 
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GAMMA=GAMMA5 
GO TO 4 5 
4 2  C O N T I N U E  
C 1 = + 1 . 0 - Z E T A  
C 2 = + Z E T A  
T A U = T A U 6  
G A M M A = G A M M A 6  
G O  T O  4 5  
43  C O N T I N U E  
C 1 = - Z E T A  
C 2 = + Z E T A  
T A U = T & U 7  
G A M M A = G A M M A 7  
G O  T O  4 5  
4 4  C O N T I N U E  
C l = - 1 . 0 + Z E T A  
C 2 = - Z E T A  
T A U = T A U 8  
G A M M A = G A M M A 8  
4 5  C O N T I N U E  
D E L T A  =  P S H K P ) - P S I ( K )  
E X P P S I = E X P ( G A M M A * P S I ( K ) )  
IF((TAU.EQ.0.0).OR.(DELTA.EQ.0.0)) GO TO 49 
AWO = AWO +C1*CINT(0T PSKK), PSI(KP)) 
1 +C2=^ECINT{0»-GAMMA,PSI (K) ,PSI(KP) )*EXPPSI 
00 46 L ~ i T L M A X 
M=L+J 
A W ( L ) =  A W ( L ) +  C 1 * C I  N T ( M , P S I ( K ) , P S I ( K P ) )  
I  + C 2 » E C I N T ( M . - G A M M A , P $ I ( K ) , P S I ( K P ) ) * E X P P S I  
BW( L 5  =  B W  ( L  ) + Cl ' ^ S I N T (  ' - S P S I  ( K )  TP S I  (  K . D )  )  
1  + C 2 = f ' E S I N T (  M , - G A M M A , P S !  ( K )  , P S I  ( K P )  ) * E X P P S I  
4 6  C O N T I N U E  
4 9  C O N T I N U E  
8 0  C O N T I N U E  
9 0  C O N T I N U E  
A W 0 = A W 0 / 6 , 2  8 3 1 8 5 2  
C W 0 = A B 5 { A W 0 )  
C S 0 W 0 = A W 0 * * 2  
D O  9 2  L = l ,  L M A X  
A W ( L ) = A W ( L ) / 3 . 1 4 1 5 9 2  6  
B W ( L ) = B W ( L ) / 3 . 1 4 1 5 9 2  6  
C S O W ( L ) = A W ( L ) * * 2 + B W ( L ) * » 2  
C W ( L ) = S Q R T ( C S O W ( L ) )  
Q 2  C O N T I N U E  
W R I T E ( 6 , 9 3 1  
9 3  F O R M A T ( / / t 2 5 X t • F O U R I E R  C O E F F I C I E N T S  O F  W « , / )  
W R I T E ( 6 , 9 4 )  
9 4  F O R M A T C  M »  ,  l O X  t  '  A W  (  M  )  »  ,  1 2 X  ,  • B W  (  M  )  •  ,  1 2 X  ,  •  C  W  (  M  )  '  ,  
1  1 2 X t ' C S Q W ( M ) « , / )  
W R I T E ( 6 t 9 5 )  A W O , C W O , C S 3 W 0  
9 5  F O R M A T C  0 ' ,  G 1 7  .  8 , 1  7  X ,  2 G 1 7  .  3  )  
2.04 
DO 97 L=lt LMAX 
M=L+J 
96 FORMAT(» ',T4,4G17.8) 
97 WRITE(6,96ÎM»ÛW(L),BW(L),CW(L),CSQW(L) 
100 CONTINUE 
RETURN; END 
FUNCTION SGN(V) 
SGN=0.00000000 
IF(V.GT.0.00000300) SGN=+1.0 
IF(V.LT.0.00000000) SGN=-1.0 
RETURN; END 
FUNCTION CINTIM,PSTltPSI2) 
CINT=0.0 
IF(PSIloE0.PSI2) GO TO 10 
IF(M.EQ.O) CINT=PSI2-PS11 
IF(M.NE.O) CINT= (SIN(M*PSI2)-SIN(^1*PSI1) ) 
10 CONTINUE 
RETURN; END 
FUNCTION SINT(Mt PSIl, PSI2) 
SINT=0.0 
IF(PSI1.EQ.PSI2) GO TO 10 
IF(M.NE.O) SINT= (-C0S(M*PSI2)+C0S( '•I^PSIl ) )/M 
10 CONTINUE 
RETURN; END 
FUNCTION RCINT(MT PSIl, PSI2) 
IFCM.NE.O) GO TO 10 
RCINT=(PSI2**2-PSI1»*2)/2 
GO TO 20 
10 CONTINUE 
ARG1=M*PSI1 
ARG2=M*PSI2 
RCÎNT= irOSl ARG2)-COS(t^Gl) + (^RG2*SÎNl ARG2> 
1 -ARG1*SIN(ARGl))/M**2 
20 CONTINUE 
RETURN; END 
FUNCTION RSINT(M, PSIlt PSI2) 
RSINT=0.0 
IF(M.EO.O) GO TO 10 
ARG1=M*PSI1 
ARG2=M*PSI2 
RSINT=(SIN(ARG2)~SIN(ARG1)-ARG2*C0S{ARG2) 
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1 4.ARG1»C0S(ARG11 
10 CONTINUE 
RETURN; END 
FUNCTION ECINT(M,PTPSI1,PSI2) 
D=M*#2+P**2 
IF(D.NE.O.O) GO TO 10 
ECINT=PSI2-PSI1 
GO TO 20 
10 CONTINUE 
ARG1=M*PSI1 
ARG2=M*PSI2 
ECINT=(EXP(P*PSI2)»(P*C0S(ARG2)4-M*STM(ARG2 ) ) 
1 -EXP( P-PSI l)=<^{P^COS(ARGl)-(-M*SIM{ AR31) ) ) / D 
20 CONTINUE 
RETURN; END 
FUNCTION FSINT(M,P,PSIltPSI2) 
Q = M<:*2 + P**2 
IF(D.NE.O.O) GO TO 10 
ESINT=0.0 
GO TO 20 
10 CONTINUE 
ARGl = M-î'PSÎl 
• ARG2=M*PSI2 
ESINT=(FXP(P*PSI2)*(P*SIN(ARG2)-M*C0S(ARG2) ) 
1 -EXP(P-PSI1)*(P*SIN(ARGl)-M*COS(ARGl)))/D 
20 CONTINUE 
RETURN; END 
SENTRY 
C OTHER SUBROUTINES 
SUBROUTINE PLSOST(MODERF»KMAX,KMAXD) 
NULL VERSION 
INTEGER-4 WP2D(400) 
DIMENSION PSI(200), M0DE(200), WP1(200), WP2(200), 
1 PSID(400), MODED(400)» WP1D(400) 
COMMON/AMPl/ PSI, MODE, WPl, WP2 
C0MM0N/DST2/ PSID, MOOED, WPID, WP2D 
KMAXD=KMAX 
KMAXM=KMAX-1 
DO 10 K=l, KMAX 
PSIDCKJ=PSI(K) 
10 CONTINUE 
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DO 20 K=l» KMAXM 
MOOED(K)=MOOE{K) 
WP1D{K)=WP1{K) 
IF(WP1(K).EQ.O.O) M0DED(K)=0 
20 CONTINUE 
RETURN; END 
SUBROUTINE CLDAMP(ITMAX, KMAX) 
C SSB VERSION 
C ERRORS IN PULSE WIDTH MAY OCCUR WHEN E IS NEAR 1.0. 
INTEGER*4 FC, TYPE* WP2(2001 
DIMENSION PSI(200), MODE(200), UP 1(230) 
C0MM0N/ÛMP1/ PSI, MOOET WPl, WP2 
COMMON/AMP2/ FS, TYPE 
C0MM0N/WAV2/ FC ^ NMAX 
THETA1=0.0 
CALL WAVGEN(THETA1,Vlf ElfPHIl) 
R1=ABS( COS( FC^THETAl t-P4I 1) ) 
VJ1 = 0.0 
IF(El.GE.Rl) W1=SGN(V1) 
J=1 
RMIN=6.2831852/50 
DELTA=RMIN/FC 
5 CONTINUE 
0=DELTA 
IF(R1.LT,RMIN> 0=» AMAXK 0. e*Rl / FCt 0.62BE-05) 
THETA4=THETAH-D 
IF(J.EQ.l) GO TO 8 
IFXJ.GT.2) GO TO 6 
THËTAM=PSI(1)+6.283185 
6 CONTINUE 
IFtTHETA4.LT.THETAM) GO TO 7 
THETA4=THETAM 
GO TO 40 
7 CONTINUE 
8'CONTINUE 
CALL WAVGEN(THETA4,V4,E4,PHI4) 
R4=A8S(C0S(FC*THETA4-(-PHI44 ) 
W4=0.0 
IFCE^.GE.R4) W4=SGN(V4) 
IF(W4.EQ.W1) GO TO 30 
THETA3=THETA4 
W3 = W4 
E3=E4 
V3=V4 
PHÎ3=PHI4 
R3=R4 
DO 20 L=l$ ITMAX 
DIFF=THETA3-THETA1 
IFiDIFF.LT.O.lE-05) GO TO 21 
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THETA2=0.5-(THETA1+THETA3) 
CALL WAVGEN{THETA2tV2,E2,PHI2) 
R2 = ABS( CQS( FC*THETA2 i-PHI2) ) 
W2=0.0 
IF(E2.GE.R2) W2=SGN(V2) 
IF(W1.EQ.W2) GO TO 10 
THETA3=THETA2 
W3=W2 
R3 =  R2  
E3 = E2 
V3=V2 
GO TO 11 
10 CONTINUE 
THETA1=THETA2 
R1=R2 
W1 = W2 
E1 = E2 
V1 = V2 
11 CONTINUE 
20 CONTINUE 
21 CONTINUE 
PS!{J)=THETA2 
M0DE(J)=2 
WPl(J)=W4 
.IF((TYPE.EQ.l).AND.(WPl(J).EQ.-1.0)) WPlIJ)=0.0 
J - J +1 
THETA4=THETA4+0.628319E-05 
CALL WAVGEN(THETA4,V4,E4,PH14) 
R4=ABS(COS(FC*THETA4 + PHI4) ) 
W4=0.0 
IF(E4.GE.R4) W4=SGN(V4) 
JM=J-1 
IF((WPl(JM).NE.O.O).AMD,(W4.EQ.0.0)Î GO TO 25 
GO TO 29 
2 5 CONTINUE 
PSI(J)=THETA4 
MODE(J)=2 
WPl(J)=W4 
IF((TYPE.EQ.l).AND.(WDl{J).E9.-1.0)) WPl(J)=0.0 
J = J + 1 
29 CONTINUE 
30 CONTINUE 
THETA1=THETA4 
E1 = E4 
W1 = W4 
R1=R4 
GO TO 5 
40 CONTINUE 
KMAX=J 
PSI(KMAX)=THETAM 
WRITE(6,59) FC 
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5 9  FORMAK/,* FC = S 14,/) 
IF(TYPF.EQ.1) WRTTE(6,61) 
IF(TYPE.E0.2) WRITE(6,62) 
61 FORMATt* MONOPOLAR PULSE TRAIN',/) 
62 FORMAT(« BIPOLAR PULSE TRAIN',/) 
WRITE(6,70) ITMAX 
70 FORMAT(" NATURAL SAMPLING USING ',12» 
1 « STEP ITERATION',/) 
RETURN; END 
SUBROUTTWE PWMAMP(ITMAX,KMAX,PHI0,Q) 
INTEGER=ï=4 SAMPLE, FC , FS, TYPE 
DIMENSION PSI (200) , M3DE(200) , WP1 ( 200), w'P2( 200) 
COMMON/VfAV2/ FC, NMAX 
COMMON/A. ?^P1/ PSI, MODE, WPl, WP2 
COMMON/aMP2/ FS, TYPE 
TYPE=1 
KMAX=2-FS+1 
KMAXM=KMAX-1 
0=1.570T963/FS 
THETA1=PHI0/FS 
Rl=l.0 
CALL WAVGEN(THHTA1,V1,E1,PHI1) 
Vl^ABSCVl) 
DO 30 K-1T KMAXM 
THETA4=T1HETA 1 + 2-0 
CALL WAYGEN(THETA4,V4,E4,PHI4) 
S4=SGN(VA) 
V4=ARS(Y4) 
R4=0.0 
IF(Rl.EO.O.O) R4=1.0 
THETA3 = T.HETA4 
V3 = V4 
R3 = R4 
DO 10 L=l, ITMAX 
DNM=R3-R1+V1-V3 
IF(ABS(DNM).GT.(0.1E-D9)) GO TO 1 
THETA2=THFTA3 
R2 = R3 
GO TO 11 
1 CONTINUE 
THETA2 = THETA14-(V1-R1 )*(THETA3-THETA1 )/DNM 
CALL WAVGEN(THETA2,V2,E2,PHI2J 
V2=ABS{V2) 
R2=R3 
IF(ABS(THETA3-THETA1).LT.O.1^-09) 30 TO 11 
R2 = R1 + (P.3-Rl )*(THETA2-THETA1 » / (THETA3-THETA1 ) 
IF(V2.GT.R2) GO TO 2 
-THETA3 = THETA2 
R3 = R2 
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v3 = V2 
-go to 3 
2 continue 
theta1=theta2 
R1 = R2 
v1 = v2 
3 CONTINUE 
10 continue 
11 continue 
psi(k)=theta2 
m0de(k)=2 
wpl (k)=1.0 
if(k/2*2.eq.k) wpl(k)=0.0 
if(wp1(k) .eo.1.0) wp1(<)'=s4 
ifiw^kkj .eo.-l.o) type = 2 
psi(kmax)=6.28 3185 2 
theta1=theta4 
r1 = r4 
v1 = v4 
30 continue 
if(type.e-o.l) write(6,31) 
if(type.eq.2) WRITEi6,32) 
31 format ( / , * class ad amplifierm 
32 format(/t» class bd amplifier') 
write(6140) fc t fs, q, phio 
40 format;/, « fc , 13 ,5x, 'fs = si3t5x,'3 = *,g12.4,'^x, 
1 'phio = ' tg12.4t/) 
writf(6t53) itmax 
53 format(« natural sampling by ',1?,' step i terati3m«,/) 
re.turn; end 
subroutine clbamp(ithax, umax) 
intfger*4 fc 
dimension psi(200): m0de{200), wpl(200), wp2i200), 
1 axpdojt bxpdo), axq(io), bxq(io) 
comMON/Wavi/ Q» AXO, axpt bxp, axq, 8x9 
common/wav2/ fc, nmax 
comhon/AMPl/ psit modet wplt wp2 
imax=fc*nmax*10 
theta1=0.0 
j=1 
call wavgen(theta1, vi» e, phi) 
do 50 1 = 1t i max 
theta4=6.2 831852*i/1max 
call wavgen(theta4, v4, f, phi) 
if({(vl.gt.1.0).and.{v4.gt.1.0)).3r.((vi - lt.0.0).amd. 
1 (v4.LT.0.0)).0R.((Vl.LT.l.O).AMD.(Vl.GT.0.0). 
2 and.(v4,lt.1.0).and.(v4.gt.0.0))) go to 40 
theta2=theta4 
v2 = v4 
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P=l.O 
IF((Vl.LE.O.0).AND.(V2.GE.0.0)1 P=0.0 
IF((VZ.LE.O.O).AND.{VI.GE.OoO)) P=0.0 
PS I ( J) = (P?'V1)*(THETA2-THETA1 ) / { V2-V1 )+THETA1 
DO 30 TT=1, ITMAX 
CALL WAVGEN(PSI(J)tV3,E,PHI) 
IF(V3.GT.P) GO TO 10 
V1 = V3 
THETA1=PSI{J) 
GO TO 20 
10 CONTINUE 
V2 = V3 
THETA2=PSI(J) 
20 CONTINUE 
IF(ABS(V2-Vl).LT.t0.1E-09)) GO TO 31 
IF(ABS(THETA2-THETA1).LT.(O.lE-09)) GO TO 31 
PS I (J) = {P-VI)*(THETA2-THETA1 )/( V2-V1)4-THETA1 
30 CONTINUE 
31 CONTINUE 
MOOE(J)=l 
WPl{J)=1oO 
IF({VA.LT.1.0),ANO.{V^.GT.O.on GO TO 39 
MODE(J)=2 
IF(V4.LE.O.O) WP1{J)=0.0 
39 CONTINUE 
J=J + 1 
40 CONTINUE 
THETA1=THETA4 
V1 = V4 
50 CONTINUE 
JMAX=J 
PSI(JMAX)=PSI(1>+6.2831853 
WRITE(6,60) FC, Q 
60 FORMATC//,» FC = ',I3,5X,*Q = »,G10.4,/) 
RETURN; END 
I 
211 
XVI. APPENDIX IV: COMMONLY-USED SYMBOLS 
. t 
r 
The following symbols are used consistantly throughout 
this dissertation. Listing is alphabetically by Roman and 
then Greek letters. 
a^ n~ cosine Fourier coefficient of wave x 
A Ampere 
b magnitude of sin 0 
b n —  s i n e  F o u r i e r  c o e f f i c i e n t  o f  w a v e  x  
xn 
tîl. 
c^ n— magnitude Fourier coefficient of wave x 
c(9) cosinusoidal switching function 
Cj^ constant used in feedback analysis 
C matrix of c^ 
dcj^ increment of c^ 
dc vector of dc^ 
e 2.716... 
E(0) envelope function 
f frequency 
f carrier frequency 
c 
f switching frequency 
f^ modulation frequency 
f.(6) monopolar pulse train 
•r 
f^(8) bipolar pulse train 
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F Farad 
F(a)) filter 
F^(w) output fuiter 
F^(w) detector filter 
g{cr) saturation function 
G gain 
H Henry 
i,j,k,jn,n indices 
i current 
k kilo 
m milli 
n nano 
o output 
p(y?a) distortion function 
output power 
input power 
Ppp power dissipated due to rise/fall times 
Pjjg power due to saturation voltage 
q quiescent voltage or current 
r(ramp waveform 
s(e) sinusoidal switching function 
s seconds 
t time 
u(8) distortion waveform 
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output or modulated waveform 
output voltage 
saturation voltage 
Volt 
pulse waveform 
distorted pulse waveform 
modulating waveform 
modulation of sin w t c 
modulation of cos w^t 
spectrum of x(9) 
pulse (half) width 
integrated distortion function 
modulation of harmonic of f^ or f^ 
ratio of carrier to modulation frequencies 
ratio of switching to carrier frequencies 
exponential rise/fall time exponent constant 
small change 
exponential rise/fall time amplitude constant 
efficiency 
sum of several coefficients in frequency expansion 
normalized time (in terms of Zir) 
ramp location parameter 
micro 
coefficient matrix in feedback problem 
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TT ftf 3.14159... 
TT proùuct 
a sum of pulse error . 
2 sum 
pulse bias error if 1 < i < 4 
pulse rise/fall error if 5 < i < 8 
cp( 6 ) phase shift function 
COg phase of conventional PlfM pulse train 
\li W^ t + cp 
$j puise transition time 
0) angular frequency 
n Ohm 
